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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


JULY 1961, VOLUME 9, NUMBER 3 


Acoustic Considerations in the Design of Recording Studios* 


M. RETTINGER 
RCA Laboratories, Hollywood, California 


The paper discusses recent advances in the design of recording enclosures. For the attainment 
of a “flat” reverberation characteristic, a number of special sound absorbers are examined. The 
shape of the studio, it is pointed out, should be dictated by its purpose, and some examples of 
unusual configurations are discussed together with general rules for ceiling height and room volume. 
Finally, types of sound insulation are presented which allow simultaneous operation of adjoining 
studios in each of which the sound levels, either air-borne or solid-borne, are of a very high order. 


INTRODUCTION 


S in so many other fields of technical endeavor, in the 
field of studio acoustics improvements are constantly 
being made. This is true not only in providing sufficiently 
quiet enclosures economically in the face of a constantly in- 
creasing ambient noise level, but is true also in the ways 
and means employed to bring about a desirable reverbera- 
tion characteristic within the studio. Last but not least, 
improved space utilization has frequently led to a more in- 
spiring contact between various types of performers, such as 
vocalists and instrumentalists, called upon to work comple- 
mentarily. 
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Fic. 1. Combined reverberation resulting when recording made in 
room with 1 sec reverberation is reproduced in room with 0.9 sec 
reverberation. 


* Presented October 14, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


REVERBERATION CHARACTERISTIC 


The recording studio reverberation characteristic, that is, 
its variation of reverberation time with frequency, is gener- 
ally much “flatter” than that of an auditorium or legitimate 
theatre. One reason for this is that when sound is repro- 
duced in an enclosure having a reverberation time approxi- 
mately equal to that of the recording studio, the resultant 
time, particularly in the initial stages, is considerably longer 
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Fic. 2. Combined reverberation resulting when recording made in 
room with 0.5 sec reverberation is reproduced in room with 0.9 se 
reverberation. 


than that of either enclosure alone. On the other hand, when 
sound recorded in a “dead” studio is reproduced in a “live” 
enclosure, the resultant reverberation time is more nearly 
that of the live room. 


178 


t es ee 
= 
7 
b ' $ 
A s 
Babee 
‘are 3 
eee 12 
ee ee i 
Feuer | 
ay 
ea a ; a 
ak, 
Nites ee 
a ca b 
f F 
> re voli 
i core 
‘ \ 
- . ] 
= enc 
i; 
ot rep 
4 rev 
rt prey t 
0 the 
ea. x . 
oh ge sid 
ON < d 
ake et 
2 ee FC ee the 
et on 
ma: | di 
. es on 
ners 
Saae of 
a the 
- Sy. is 
‘anes sol 
hu 
by 
8 SS eee ac 
pie 2 is 
Pc) . 
i bal ee TT TT TT 
si be an 
ker 
ea i yy 
ae | 
Beet 
ree ’ | 
tein 6) 
re i 
aR ost 
ee ita 
ig - = 
mee ¥ . - 


“Jive” 
nearly 


ACOUSTIC CONSIDERATIONS IN THE DESIGN OF RECORDING STUDIOS 179 
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Fic. 3. Recommended variation of 1000 cps reverberation time with 
volume of recording studio for monophonic and stereophonic re- 
cording. 


Figures 1 and 2 show graphically the sound decay in an 
enclosure with reverberation time 7. — 0.9 sec. in which are 
reproduced successively recordings made in studios having 
reverberation times of 1 and 0.5 seconds respectively. It is 
seen that when the two rooms have nearly the same period, 
the initial stages of decay in the reproducing room are con- 
siderably prolonged. Thus after 0.1 second the sound level 
decay is only 2.36 db, giving rise to an “impression” that 
the combined reverberation time is on the order of 2.54 sec- 
onds (0.1 & 60/2.36). When the recording made in the 
“dead” studio is reproduced in the enclosure with 0.9 sec- 
ond reverberation time, the initial decay is less prolonged. 

Another reason why the low-frequency reverberation time 
of a recording studio is made but little longer than that at 
the higher frequencies (unlike the case of an auditorium), 
is that a microphone cannot discriminate against unwanted 
sound, such as reverberation, as well as the two ears of the 
human hearing organism are able to do. Sound reproduced 
by a loudspeaker generally contains the reverberatory char- 
acter at the microphone position. This condition, however, 
is not necessarily true in the case of stereophonic recordings 
where the “close-up” microphone signal may be reproduced 
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Fic. 4. Absorption characteristic of plywood panels. 


by one loudspeaker and the distant microphone signal, char- 
acterized by a high ratio of reflected to direct sound, repro- 
duced over another loudspeaker. In this case the ears are 
again able to discriminate against the “reverberated” sound. 


Figure 3 shows recommended 1000-cps reverberation time’ 


as a function of music-recording studio volume for both 
monophonic and stereophonic recordings. 

Three means, or a combination of these means, have gen- 
erally come to be used to obtain a “flat” reverberation char- 
acteristic in recording studios: 

1. Thin wood panels backed by rockwool or other highly 
sound-absorptive material are applied against the studio 
walls. This is the old standby for achieving relatively short 
reverberation periods at low frequencies, and has been men- 
tioned in a number of publications.':* 

Figure 4 shows the absorption characteristics of various 
types of 4 in. thick fir plywood panels. The high absorp- 
tion at the low frequencies is partially due to the reduced 
transmission loss of the plywood at these frequencies, the 
sound becoming trapped in the splay, and can be made still 
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Fic. 5. Absorption characteristic of “slat absorbers.” 


higher by increasing the air-space and the sound-absorptive 
treatment behind the panels. 

In the past it has not always been possible to employ this 
type of low-frequency sound absorber because the fire ordi- 
nances of the various cities did not permit the use of com- 
bustible materials for wall treatment, particularly in public 
buildings. 

2. Slats of wood or metal are applied in front of a sound- 
absorptive cavity. In practice, the depth of the cavity is 
generally made 10 in., although depths as great as 18 in. have 
been used. A rockwool blanket or fiberglas board, each at 


1 J. E. Volkmann, J. Acoust. Soc. Am., 13, 234 (1942). 
2R. W. Kenworthy and T. D. Burnam, J. Acoust. Soc. Am., 23, 
531 (1951). 
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Fic. 6. Absorption characteristic of acoustic tile backed by 10 in. 
air space. 


least 1 in. thick, is placed some 4 to 6 in. behind the slats, 
which often are made of 1 5 in. thick wood. The absorp- 
tion characteristic of this type of absorber is shown in Fig. 5. 

3. Sound-absorptive material is placed at a distance from 
the building walls, as shown in Fig. 6. This may be called 
a “slat-absorber” without the slats. The acoustic tile for the 
particular absorption characteristic illustrated is Owens- 
Corning 3% in. thick TXW, although other tiles act simi- 
larly, as may be learned by an examination of the Acousti- 
cal Materials Association Bulletin No. 20. 

Recordings made in studios often vary widely in respect 
to program, band size, and type (monaural, binaural, stereo- 
phonic). For this reason some control of the acoustics is 
often desired. Figure 7 shows triangular splays of which 
every other one may be unfolded to change the wall treat- 
ment from reflective to absorbent without appreciably alter- 
ing the “flat” shape of the reverberation characteristic. This 
is done by treating the absorbent section of the hinged panel 
with a material which has less absorptivity at the low fre- 
quencies than at the high ones, and by making the exposed 
triangular splay to have the reverse absorption characteristic, 
B, shown on Fig. 5. 

Figure 8 shows a movable slat absorber so constructed as 
to permit rotation of the slats. One or more such units may 
be placed near an instrument or band section to effect muting 
(reduce the amount of reflected sound). 


Figure 9 shows another type of studio wall treatment 
whose absorptivity may be changed over a wide range by 
placing an absorptive material at a distance from a reflective 
wall—in this case the interior of the cylindrical rotatable 


column—so that the absorption characteristic of the device 
approaches that of “A” shown on Fig. 6. 


SHAPE OF STUDIO 


One could say, jocularly, that recording studios are like 
people—there are no two of them alike. One reason for this 
is that many enclosures which go by the name of recording 
studio are used for slightly different purposes, as indicated 
by a partial list below: 

1. Dialogue—motion pictures, radio, television. 

2. Music—monaural, binaural, stereophonic—disk, tape, film. 

3. Television—combination of dialogue and music, with or 
without an audience. 

4. Radio—AM, FM. 

There are other recording studios used for special pur- 
poses, such as synchronizing stages employed in motion pic- 
tures where dialogue is added to a picture projected on a 
screen, the acoustics of the studio being variable over a wide 
range to simulate the acoustics of the widely different rooms 
pictured on the screen; “dubbing” studios, also used exten- 
sively in the motion picture studios, for the addition of sound 
effects or the alteration of the quality of prerecorded dia- 
logue or music; and others. 


=! 


Ti S) 


Fic. 7. Type of wall treatment capable of changing reverberation 
time of room without appreciably altering its reverberation charac- 
teristic. 
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For this reason it becomes important to note that often 
it is its purpose which determines the shape of a studio. A 
proposed stereophonic music recording studio for motion pic- 
tures is shown in Fig. 10. The stage contains, besides a 
chorus chamber and vocal room, three monitoring enclosures 
large enough to allow the monitoring of stereophonic tracks, 
and so shaped as to permit the “mixers” a full view of the 
performers in their rooms. In this way it is possible to re- 
cord—simultaneously, separately, and stereophonically—the 
instrumental music of the scoring stage itself as well as the 
renditions of the chorus group and of vocalists in their 
chambers. 

Similarly certain types of television recording studios pre- 
sent configuration problems which, to this day, have not been 
fully solved. A case in point is the audience participation 
studio, consisting essentially of a spectators’ section, a band 
enclosure, and a performer’s stage. Many programs in these 
studios require an intimate musical accompaniment for the 
singer-performer, and it becomes a problem where to place 
the band. When it is in another room entirely—in a “satel- 
lite’—the performers complain that the reproduced music, 


~ -MOVABLE VARIABLE “SLAT ABSORBER” 
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Fic. 8. Movable “slat absorber” for muting instruments in music 
recording studio. 
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Fic. 9. Type of wall treatment, similar to Fig. 7, capable of changing 
reverberation time of room without appreciably altering its reverbera- 
tion characteristic. 


which is meant to keep them in time and tune, leaves them 
strangely out of touch with the conductor and the “feel” of 
the music. If the band also is located on the stage, it may 
be uncomfortably loud to the performers, particularly when 
it contains much brass which cannot be well muted if it is 
to play naturally. This often produces an undesirably low 
ratio of song intensity to band intensity at the microphone 
position or else forces the performer to sing in an unusually 
loud voice, with a consequent distortion of his (televised) 
facial features. 


Figure 11 shows an audience-participation television stu- 
dio which also contains an enclosure for the band that is not 
visible to the spectators. The amount of music penetration 
into the stage can be controlled to some extent by % in. 
thick Plexiglas panels which allow the performer on the 
stage a full view of the conductor. Such “band rooms” 
should be classified as true recording studios because the 
performance on the stage as well as the music are frequently 
taped for later broadcasts elsewhere. This is another exam- 
ple where purpose determines the shape of the recording 
studio (as well as its relatively small volume). 


There are only preferred, not optimal, ratios of dimen- 
sions for the height, width, and length of a parallelepiped 
recording studio. The reason for this is that in a rectangu- 
lar room the normal modes of vibration are generally not as 
uniformly distributed as they are in an enclosure with non- 
parallel walls and sloping ceiling. Moreover, a simple ratio 
of dimensions such as 2:3:5, or worse yet, 1:1.25:1.6 as is 
occasionally proposed makes for undesirably high ceilings 
when the studio is small. Thus an 8000 cubic foot enclo- 
sure, proportioned 2:3:5, would have dimensions of 13 
19 > 32, and one proportioned 1:1.25:1.6, dimensions of 
16 ~ 20 & 25. Still, some rule-of-thumb is often desired 
to arrive at the approximate dimensions. One means to 
approach the subject, at least as far as volume is concerned, 
is to allow a certain space per instrument, such as 2000 cubic 
feet. Thus, a studio intended to have in it, on occasion, as 
large a band as 50 musicians, should have a volume of at 
least 100,000 cubic feet. Once the volume has been deter- 
mined, an indication of the mean ceiling height (if floor and 
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Fic. 10. Music recording stage allowing the simultaneous, separate, 
and stereophonic monitoring of orchestra, vocalist, and chorus. 


ceiling are non-parallel) may be gained by the equation 
H = 0.6V'*, where V is the volume of the studio in cubic 
feet and H the ceiling height. The plot of the equation is 
shown in Fig. 12. The ceiling heights obtained by this chart 
conform well with those of good existing studios. Thus a 
room of 8000 cubic feet should have a ceiling height of 12 
ft. and one of 125,000 cubic feet a ceiling height of 30 ft. 
The width and length of the studio can then be selected to 
accommodate satisfactorily the types of band usually to be 
recorded in the studio as well as to give good results with 
the type of recording generally to be done in it. Care should 
be taken, if the studio is parallelepiped, not to employ as 
dimensions any values which are integral multiples of the 
ceiling height, so as to avoid the coincidental reinforcement 
of the normal modes of vibration in the room. 

The design of a recording studio is as much an art as it is 
a science. The reason for this is that many important acous- 
tic factors cannot be completely encompassed by theory, so 
that problems containing such factors must be solved by 
intuition and experience. One such factor involves the term 
“diffusion of sound,’ by which is generally meant the degree 
of uniformity of sound distribution in a room.* While there 
is no satisfactory mathematical circumscription of the term 
and, worse yet, no adequate method of measuring diffusion, 
a completely uniform distribution of the sound is not always 
desired in a recording studio. Assuming that a well dif- 


%See M. R. Schroeder, “Sound Diffusion in Reverberation Cham- 
bers,” J. Acoust. Soc. Am. 31, 1407 (1959), wherein diffusion is defined 
as “angular distribution of sound energy flux in the plane wave ex- 
pansion of the sound field at a point.” 


M. RETTINGER 


fused sound would make microphone placement less critical 
for optimal pick-up, how is one to achieve the “live” locale 
preferred by the musicians and the considerably less live 
environment required for the microphones in the same en- 
closure, and yet establish uniform sound distribution in it? 
Obviously, what is desired is a reflective, relatively low- 
ceilinged band-shell which opens into a larger, more ab- 
sorbent room in such a way as not to introduce an abrupt 
change in the sound energy density distribution between the 
two places, much as a horn tends to couple a loudspeaker 
to the open air. This does not mean that the floor plan of 
a recording studio should be exponential in shape (although 
that has been proposed), but it does mean that ingenuity 
can play a large part in the planning of such a studio. 


SOUND INSULATION 


The maximum sound pressure levels in the normally em- 
ployed eight-octave bands for unoccupied music and dialogue 
recording studios are shown in Fig. 13. Also shown in the 
figure is the noise level characteristic for a propeller air- 
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Fic. 11. Television studio with band room, not visible to audience, 
so located as to permit singer on stage to observe conductor; Plexiglas 
slats control music level at singer’s microphone. 


i 
i 


a 


182 PF 
L 
é a: REVERB. / f \ 
ae £ 
ei REVERB. / stace, / 
abe uf 
o - bs 7 
ane ve 
er a REVERB. ie a 
an . / a wae 
Jeevan } 
pat. (as / if 
5 oe oA ‘ “\ ; 
‘cas / i? Pet | 
eee ae 4 / a” “YS 
an & — ad 
y } OS ee 
: \ 17 | i_ ed 
a 3h. \! \ ee ler ag AUDITION 
Bait Ww a ae a 
ages: waa, 2” ‘ 
f =. 4% T \ 4 * if van b 
‘ a sm \ Ps 
ee ve NY / A ’ 
ee ia UNIT. aS, WARDROBE ( 
gS + 7A’ ti 
yy J : \ oe \ tl 
Be oe wy la 
Pf . 
fa. 
| th 
Ed a 
A 
te aM 
ee 
5 
Sg ri i | 
» i | 
; 1 
Sy 7 | { 
nt 
ra Be ' 
; as ' 
aioe 1 
aaa 5 
ae tS = Se AERIS RE RAET 
_ i a a EMR a TTI 
if i Se, a 
we ~~ ae, . 


tical 
ale 
live 
- en- 
1 it? 
low- 
ab- 
rupt 
1 the 
aker 
in of 
ough 
nuity 


_— —4 


| 


WI 


ill 


i 


— 
& & 

- 
as 
BS 


ACOUSTIC CONSIDERATIONS IN THE DESIGN OF RECORDING STUDIOS 183 


= Cothing Heig ~ Post 
\ 
\ 
\ 
\ 


a 
at 


w@ece 


10m 10,000, 90,000 1,000,000 
1-4? Velum = Ovbte Fort 


Fic. 12. Variation of ceiling height with volume of recording studio. 


plane at a distance of two miles as well as the difference 
between the two curves, which represent the required trans- 
mission loss characteristic for the roof and wall of the studio 
(if the interior of the studio has considerable sound-absorp- 
tion, so as to prevent sound “build-up”). The figure shows 
that a concrete wall at least 8 in. thick is necessary to insu- 
late the interior of the studio against such unwanted sound. 

Adequate insulation against outside noise as well as against 
that of adjoining studios constitutes probably the most im- 
portant factor in new design. The reason for this is that 
too short or too long a reverberation time within the enclo- 
sure can generally be corrected economically, by the removal 
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Fic. 13. Required sound transmission loss characteristic for re- 
cording studio located within two miles of airport. 


or addition of sound-absorptive material, while counteracting 
insufficient insulation may become inordinately expensive. 
A case in point is that of two adjoining television studios 
so constructed that when sound recording takes place in one 
studio, set construction and rehearsing can take place in the 
other. This means not only that the walls between the 
studios have to be sufficiently insulative to prevent, between 
the studios, the transmission of gun shots whose sound pres- 
sure levels in the lower octave bands often exceed 100 db 
above the reference level of 0.0002 microbars; but also, and 
more importantly because occurring more frequently, the 
floors of the studio have to have a sufficiently great trans- 
mission loss against impact noises, such as hammering on 
the floor during set construction. Figure 14 shows a double 
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Fic. 14. Partition between television studios to allow recording in 
one studio while set construction takes place in the other. 


concrete wall between two such studios, each wall resting 
on its own foundation. Vibrations are communicated 
through continuous solids with very little attenuation. 
Building materials which readily transmit vibrations are 
concrete and steel. Also, in the case of material layers such 
as concrete slabs, we do not deal with spherical waves of 
propagation, whose energy (in the absence of dissipation) 
decreases inversely with the square of the distance; but we 
deal instead with cylindrical waves, whose energy falls off 
uniformly with the distance. Therefore, as in the case of 
shallow bodies of water, the signal range is very large. 
Hence, solid-borne sound should be suppressed as much as 
possible at its source. A good “dead” material for a sound- 
stage floor consists of vertical-grain wood blocks. The basic 
theory of such a flooring is that the log set on end is used as 
a chopping block. Such blocks are readily able to absorb 
heavy hammer blows, chiefly by converting the vibratory 
energy into heat within the block. 


(Continued on page 246) 
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Sound Control Techniques for the Legitimate Theatre and Opera’ 


Haroitp Burris-MEyYER, Consultant in Acoustics, Washington, District of Columbia 
AND 
VINCENT Matuiory, Naval Weapons Plant, Washington, District of Columbia 


OUND is an important element of every theatrical form 
and essential to many types of performance. In the 
theatre, sound has the following functions: 


1. To transmit human voice in speech or song; intelligi- 
bility is the first requisite. 

2. To identify the locale (bird songs, traffic noises). 

3. To establish atmosphere (wind and rain). 

4. To create and sustain a specific mood; a combination 
of techniques is used to establish locale and atmosphere 
(filtered speech, soft music). 

5. To serve as an arbitrary independent emotional stimu- 
lus (music). 

6. To serve as an actor (the Great Boyg in Peer Gynt). 
7. To reveal character (the aside which is heard but not 
spoken). 

8. To advance the plot (sound-bridges between scenes or 
episodes). 


These functions may be employed singly or in combina- 
tion, independently or counterpointing or reinforcing their 
equivalents in the visual component of the play. To fully 
exploit the potentialities, it must be possible for the audience 
to hear any sound from any source, no source or a moving 
source, with any spectrum, at any intensity, from any dis- 
tance or direction, and with any reverberant quality. 

Though composers and playwrights seek control of sound, 
the accomplishment of such control has been hindered by 
physical circumstance. The violin can produce only so many 
db. The soprano can only reach a certain pitch. The organ 
can sound only from the permanent location of the organ 
pipes, irrespective of the requirements of the setting. 

Aside from stereophonic projection of sound in motion 
pictures and records played backstage, the control of sound 
has progressed little since Aristophanes. Electronic control 
overcomes traditional technical limitations and offers the 
playwright a wider scope. I should like to present a few 
examples of the application of sound control to the problems 


* Presented October 14, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


of the theatre, and to illustrate them through familiar dra- 
matic episodes. 

I cite first the scene in the garden in Gounod’s Faust. 
Gardens are acoustically dead. The scene in the church in 
the same opera should be highly reverberant. The two scenes 
should differ from each other acoustically, if the music and 
the locale of the scenes are not to be in conflict. And since 
it is easy to accomplish a long decay, the contrast between 
the open garden and the reverberant church can be accom- 
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Fic. 1. Equipment layout for Faust. 
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plished by giving the music in the scene in the church a long 
decay. Marguerite’s prayer at the opening of the scene, 
which is sung a-capella, is exceptionally effective when the 
acoustical characteristics of the opera house are controlled 
to resemble a majestic cathedral. In this instance the con- 
trol gives the locale realism and at the same time establishes 
the desired mood for the scene. 

Herbert Graf has proposed that in this scene Mephisto 
should not appear on the stage, but that his voice alone 
should create an unseen barrier which Marguerite cannot 
cross. This technique has been tried and found to be very 
effective. Mephisto’s voice with reverberant authority stands 
before Marguerite wherever she turns. The supernatural 
effect is convincing and the distraction introduced by Me- 
phisto’s appearance is avoided 

The first illustration shows the location of the electronic 
apparatus for Faust. The organ and the voices of the vil- 
lagers come from backstage, the voices of Mephisto and 
Marguerite originate on stage, and the reverberant sound is 
projected in the house above the audience. 

The Pilgrim’s chorus in Tannhauser no longer needs to 
simulate its remoteness from the stage by pianissimo or to 
indicate its approach through gradually singing louder. By 


BLOCK DIAGRAM OF COMPLETE SYSTEM 
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Fic. 2. Block diagram of a system capable of accomplishing all 


effects mentioned in this paper. 


reflecting the song from the wall of the house, the impression 
can be created that the choir is approaching the stage from 
a distance. And when the chorus finally appears on the 
stage, the Hallelujas can have a presence and intensity which 
re-enforce the dramatic quality of the scene. 

Sounds which originate from an invisible moving source 
give the Magic Flute an authentic magical quality. In 
Shakespeare’s The Tempest, the invisible Ariel plays his 
iabor and pipe while he flies about over the audience. The 
technique by which a moving sound source is accomplished 
consists in relative output control of the signal going to vari- 
ous loudspeakers so that the sound appears to come from any 
desired location. In Sidney Howard’s Madam Will You 


Walk, Kurt Weil’s celestral music appears to be summoned 
out of the sky to surround the audience. 

One operatic convention consists in having the orchestra 
take over the dynamics of a sequence when great intensity 
is required and the human voice cannot sing any louder. 
In directing the first stereophonic (3-channel) recording of 
the Immolation scene in Gétterdammerung, Leopold Stokow- 
ski had Briinhilde’s electronically-controlled voice dominate 
the orchestra throughout the progressive buildup of the se- 
quence. This allowed the attention of the audience to re- 
main concentrated upon the singer. 


Through selective amplification a desired balance in the 
orchestra can be established and maintained. The conduc- 
tor can get enough bass without overloading the pit with 
bull fiddles as Wagner had to. 

When a transparent ectoplasmic ghost is used in Hamlet, 
it is important that the ghost speak with a voice from the 
grave which must at the same time be understandable. 
Spectrum control makes this effect possible, by selective am- 
plification of the desired components of the actor’s voice. 
For the ghost sequence the movement of the voice so that 
it comes from the ghost wherever he is, is accomplished by 
the same technique as that used in moving the chorus in 
Tannhauser. 

We have mentioned synthesis of the voice. Margaret 
Webster first conceived the witches in Macbeth as demons, 
existing in Macbeth’s own troubled mind. Such demons 
should be invisible to the audience, but nevertheless cast 
shadows to indicate their position and movement. Banquo’s 
words “Are ye fantasticals?” justify this interpretation. The 
invisible creatures must, moreover, speak with voices im- 
possible for the human speech mechanism. The Vocoder 
(the Bell Laboratories device for remaking speech) was 
employed to create three witches’ veices, one above and one 
below the normal voice range, and the third with a rough 
spectrum which was a cross between a whiskey baritone and 
a rock crusher. Similar results can be obtained with a 
Sonovox or a Firestone larynx. During the sequence, the 


scherzo from Prokofieff’s Concerto in C Minor was intro- 


Fic. 3. Output control panel. 
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duced from a separate source as background accompaniment 
to the witches’ sequence. 

In Midsummer Night’s Dream, Bottom may speak with 
the voice of an ass while he is bewitched and wearing an ass’s 
head. 

In Eugene O’Neill’s Lazarus Laughed, the laughter, the 
shouting, and the chanting of the Roman mob is projected 
into the audience area so that the audience itself becomes 
the singing, chanting choir, and the laughter of Lazarus, 
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Fic. 4. Installation of equipment which will allow the projection 
of sound from any desired moving or stationary source; the loud- 
speakers behind the stage which are pointed at the back wall make 
possible the tremendous all-embracing voice of the Great Boyg in 
Peer Gynt. 


reproduced as a modulated organ chord, rises above the 
clamor of the crowd, dominates and silences it. 

It is deplorable that lack of technical competence and the 
unreasonable reverence for traditional conventions which 
obsess so many theatres have made the use of electronic 
control of sound rare. 

Lack of technical competence has also often been the 
reason that the equipment which has been employed has 
been of inferior quality, installed and operated in defiance 
of acoustical and dramatic considerations. Obvious loud- 
speakers on either side of the proscenium destroy visual and 
auditory illusion. When sound control equipment is oper- 
ated backstage, the operator can never tell what it sounds 
like to the audience. The acceptance of such second-rate 
practices is unpardonably common. 


Nevertheless the problems of sound control have been 
solved, and any theatre, if it will, can have the players speak 
with the tongues of men and of angels, can move the audi- 
ence to laughter or tears, can compel the suspension of dis- 
belief, can present a Gétterdammerung with which Wagner 
himself would have been satisfied (see Figs. 2, 3 and 4). 
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Reverberation System for Home Entertainment Equipment” 


Harrison E. Dow aNp Maurice E. Swirt 


Philco Corporation, Philadelphia, Pennsylvania 


Electro-mechanical delay lines are used to generate signals similar to those of natural reverberant 
energy. Methods of mixing and control are discussed. 


ep we listen in a large enclosed space we hear part 

of the sound directly. That is, it travels through the air 
from the performer to the listener by the shortest possible 
path. Part of the sound we hear arrives by other paths; it 
is reflected off the walls, floor and ceiling and usually is re- 
flected many times before it reaches the listener. This is 
called the reverberant sound. It is delayed from the direct 
sound and it is attenuated compared to the direct sound. 
The delay and the attenuation depend upon the character- 
istics of the hall and the location of the performer and lis- 
tener within the hall. Each auditorium has its own unique 
characteristics. 

Home listening, on the other hand, is almost always in a 
room much smaller than a public place. Here we also en- 
counter both direct and reverberant sound. However, the 
room dimensions are such that the two components arrive 
at the listener’s ears within such a short time that they act 
almost as one. In the translation between the concert hall 
and the home listening room, the desirable reverberant sound 
requirements may be different from those under which the 
original recording was made. It is often desirable to add a 
controlled amount of reverberant sound to the program. 

It is not uncommon for the program director to add re- 
verberation to a program artificially, either by the more 
common technique of an acoustical reverberation chamber 
or by electromechanical or electromagnetic techniques.’* 
However, the amount of reverberation added must be care- 
fully limited because the program director has no control 


* Presented October 14, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 

1 Lewis S. Goodfriend and John H. Beaumont, “Development and 
Application of Synthetic Reverberation Systems,” JAES, 7, 228-234 
(1959). 

2 Axon, Gilbord and Shorter, “Artificial r everberation,” Proc. IEE, 
Vol. 102, Part B No. 5, Sept. (1955). 

3M. Rettinger, “Reverberation Chambers for Re-Recording,” J. 
Soc. Motion Picture Engrs., 45, 350 (1945). 

4+ Harry Olson, “Elements of Acoustical Engineering,” 1947, D. Van 
Nostrand, New York, 2nd Edition, 45. 


over the characteristics of the listening room or the amount 
of reverberation which the listener prefers. 

Further, several attempts have been made to design equip- 
ment which could be made part of a home entertainment 
center in order to add a controlled amount of reverberant 
energy at the listening point. Goldsmith,’ Goldmark,® 
Wolf,’ and Olson* are only a few of the scientists and engi- 
neers who in the past have developed synthetic reverberation 
equipment which could eliminate the bulk and complexity 
of natural reverberation facilities. These attempts were un- 
successful because of excessive cost, inadequate performance, 
or both. The Hammond Organ Co.* developed a system 
with oil damped springs which was bulky and expensive and 
was produced in small quantity. 

The home entertainment system which we will describe 
reproduces the original stereophonic or monophonic recorded 
material, radio program, etc., in the usual manner through 
a two-channel push-pull amplifier and five loudspeakers. 
This part of its function corresponds to the direct sound 
heard by the listener at a live performance. In addition to 
this conventional function, we have added another function 
which is to generate a reverberant signal from the direct 
sound signal, control its amplitude and combine it with the 
direct sound signal for use by the listener. 

Both the direct sound signal and the reverberant signal 
pass through the main amplifier tone control system, power 
stages and loudspeaker system. A schematic diagram of 
this equipment is shown in Fig. 1. 

The tone control system, consisting of separate bass boost 
and bass cut and separate high boost and high cut, provides 
a range of plus or minus 12 db at the low end (at 50 cps 
relative to 1,000 cps) and plus or minus 12 db at the high 
end (at 10,000 cps relative to 1,000 cps). We have used 


5 Alfred N. Goldsmith, U. S. Patent No. 2105318, January 1938. 

® Peter C. Goldmark, Patent 1940 (See Proc. IRE, 36, No. 5, 52, 
1939). 

7S. K. Wolf, Proc, IRE, 29, 365 (1941). 

S Harry Olson, U. S. Patent No. 2493638, January, 1950. 
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variations of this system for many years with excellent re- 
sults. We find that there is sufficient variation in listener 
preference to justify the extra expense which is inherent 
with this circuit. 

The power output stages use four 6BQ5 tubes, self-biased. 
The power output vs distortion curve of a typical amplifier 
is shown in Fig. 2. It can be seen that the power for 1% 
distortion is 22 w and for 10% distortion 28 w. The music 
power output of both channels combined is 50 w, measured 
per EIA Standard RS234. The 10% power output vs fre- 
quency is shown in Fig. 3. The excellent high frequency 
performance is due in a large measure to the output trans- 
former. The primary and secondary windings are inter- 
layered, as shown in Fig. 4, in order to insure adequate 
coupling and low leakage reactance. 

A 12-in. dynamic speaker with a 20-0z magnet reproduces 
the frequencies from both channels below 300 cps. This is 
a common bass system. The cross-over networks are shown 
in the circuit diagram as LIAB and C22AB (Fig. 1) for 
the low frequencies. This gives a cut-off of 12 db per oc- 
tave. The right and left stereo information is carried by 
means of the extension speaker system which is shown in 
Fig. 5. In the lower housing we have a 2 in. < 10 in. dy- 
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namic speaker which reproduces the energy from 300 cps 
to 800 cps. Above 800 cps a curved push-pull electrostatic 
speaker gives smooth response and good spatial distribution. 
This system allows the listener maximum flexibility in room 
arrangement and offers the optimum in smoothness, good 
transient time and a good polar pattern. The cross-over 
networks for the mid-range are mounted on the 2 in. * 10 
in. dynamic speaker. They are shown in the schematic, 
Fig. 1, as L2A, C36A, C37A and T3A. Each of these net- 
works gives an attenuation of 12 db per octave at the cross- 
over frequency. 

So far the circuits and equipment we have described per- 
form functions which are more or less conventional—now 
we come to those circuits which are new. 

In our “reverbaphonic” sound system we simulate the 
scheme found in all concert halls, in that the energy reach- 
ing the listener consists of both a direct component and a 
delayed component. The delayed component is further 
modified in that it is subjected to multiple reflections as it 
is transmitted through the delay line. A signal will be 
traced through the reverberation amplifier so that the direct 
signal may be followed and it may be observed how the re- 
verberation signal is generated. 
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Fic. 1. Schematic circuit diagram of complete system. 
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POWER OUTPUT IN WATTS TO 8 OHMS RESITIVE LOAD MODEL H-1916 


Fic. 2. Power output vs harmonic distortion for typical amplifier. 


In following the preamplifier circuit paths it will be noted 
that the direct signal is stereophonic, i.e., the right and left 
channel signals are completely separated. The reverberant 
energy is monophonic—it is derived from the sum of the 
right and left channel signals. This is in accordance with 
the situation obtained in the concert hall, where the direct 
signals are directional whereas the reverberant signal is com- 
posed of components reflected from so many sources that 
the directivity is lost. Now refer to Fig. 6: at the input to 
the amplifier (for the left channel, for example) the signal 
is fed to the grid of one section of the 12AX7 dual triode; 
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Fic. 3. Power output vs frequency for typical amplifier. 


the cathode of this section is coupled to the cathode of the 
other section of this same tube through the R16A and C7A 
coupling resistor and condenser. This signal subsequently 
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Fic. 4. Interlayered windings for output transformer. 


PRI 


appears at the plate of this section. The gain of both these 
stages is unity. It is then coupled into the volume control 
where it is processed through the main amplifier in the con- 
ventional manner. This is the direct signal for the left 
channel. Similarly the direct signal for the right channel is 
generated through the other 12AX7 in the same way. 

Now we come to the reverberant component of the signal. 

The resistors and capacitors C1A, R5A, B6AB, RSB and 
C1B make up an integrating network which combines the 
energy from both channels and impresses the sum on the 
grid of the 6AQ5 tube. The plate of this tube feeds the sum 
signal to the sending end of the electromechanical delay lines 
through a coupling (impedance matching) transformer 
T1AB. There are two delay lines, one with .029 sec transit 
time and one with .037 sec transit time. Each of the lines 
is driven in the torsional mode by a ferrite magnet which 
links the flux from the sum signal. Electrically the two 


lines are in parallel; mechanically, they are separated (have 
no interaction). The line terminals are mismatched mechani- 
cally so that a substantial portion of the signal is reflected. 
At the receiving end of the line a similar transducer con- 


Fic. 5. Extension speaker system. 


verts the torsional vibrations to electrical impulses. Here, 
as at the sending end, the two lines are in parallel electrically 
and separated mechanically. 

If we impress a single pulse on the input of one of the lines 
it will travel through the line to the receiving end, where 
most of the energy will be reflected. When this reflected 
energy returns to the sending end it bounces once more. 
This process continues ad infinitum until the reverberant 
energy level is lower than the noise level. 

In Fig. 7A we show the decay of a single pulse which has 
been impressed on one line of a three-line system. It will 
be noted that the decay of the reflections is plainly visible. 
It can be shown that the envelope of the curve is logarithmic 
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Fic. 6. Schematic circuit diagram of reverberation section. 


in shape, like that of the decay of natural reverberation. 
Figures 7B and 7C show the decay characteristics of each 
of the other two lines in the system. Figure 7D shows all 
three lines together. This is done to smooth the resulting 
output so that the reverberant energy is not modulated at 
the natural period of a single transmission line. 

Instead of the three-line system shown in Fig. 7, we have 
a two-line system in our production units. Figure 8 shows 
the decay characteristic of the two-wire delay line. The 
difference in performance between the two systems was diffi- 
cult to detect on a direct comparison listening test. 

Due to the design of the transducer magnetic circuit the 
sensitivity to lateral vibrations is low. It is further reduced 
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Fic. 7. Decay of single pulse in electromechanical delay lines. a, b, 
c, individual delay lines; d, combination of a, b, c. 


by splitting the delay line and winding each half in a differ- 
ent direction. 

This electromechanical delay line was developed by the 
Hammond Organ Co. It is manufactured by them and sold 
as a complete unit. Figure 9 shows a production unit. The 
transducer at the receiving end converts the delayed multi- 
ple reflections from both lines to electrical impulses which 
are impressed on the grid of the 6AV6 tube. The plate cir- 
cuit of this tube is coupled to the grids of the 12AX7 matrix- 
ing tubes through the stepped attenuator, resistors R12AB 
through R15AB inclusive, and switch SIAB. This attenua- 
tor is approximately 6 db per step, or a total of 18 db. The 
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Fic. 8. Decay of single pulse—double spring electromechanical delay 
lines. (Line No. 1: 0.029 sec transit time; line No. 2: 0.037 sec transit 
time.) 
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Fic. 9. Hammond electromechanical delay line. 


amplifier is arranged so that the reverberant signal is 3 db 
higher than the direct signal for maximum reverberation and 
15 db below the main signal for minimum. Here the rever- 
beration signal is mixed with the two direct signals and fed 
into the main amplifier where the combined signal is proc- 
essed in the usual manner, finally appearing at the output 
of the loudspeakers 

Figure 10 shows the frequency characteristic of the rever- 
beration amplifier and the delay line. It will be noted that 
it is substantially flat from 200 cps to 4,000 cps. Above 
4,000 and below 200 cps the curve sloughs off. Natural re- 
verberation is attenuated at the higher frequencies. The 
low frequency reverberation varies with the auditorium and 
the listener’s location. The delay line has a loss of approxi- 
mately 30 db at 1,000 cps. Most of this loss is in the 
transducers. 
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Fic. 10. a. Response of reverberation amplifier, straight through 
channel. b. Response of reverberation amplifier and delay line. 


We have described a relatively simple system for generat- 
ing and controlling a reverberant signal which closely ap- 
proximates the reverberation phenomena found in public 
auditoriums. The system has been designed into a line of 
high-fidelity home entertainment equipment, now in pro- 
duction. 
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‘Colorless’ Artificial Reverberation™ 


M. R. ScHROEDER AND B. F. Locan 
Bell Telephone Laboratories, Incorporated, Murray Hill, New Jersey 


Electronic devices are widely used to introduce in sound signals an artificial reverberation sub- 
jectively similar to that caused by multiple reflections in a room. Attention is focused on those 
devices employing delay loops. Usually, these devices have a comb-like frequency response which 
adds an undesired “color” to the sound quality. Also, for a given reverberation time, the density of 
echos is far below that encountered in a room, giving rise to a noticeable flutter effect in transient 
sounds. A class of all-pass filters is described which may be employed in cascade to obtain “color- 


less” reverberation with high echo density. 


INTRODUC'ION 


LECTRONIC devices are widely used today to add re- 
verberation to sound. Ideally, such artificial reverbera- 
tors should act on sound signals exactly like real, three- 
dimensional rooms. This is not simple to achieve, unless 
one uses a reverberation chamber or the electrical equiva- 
lent of a three-dimensional space. Reverberation chambers 
(and plates') are preferred by broadcast stations and record 
manufacturers because of their high quality and lack of un- 
desirable side effect, but they are not truly artificial rever- 
berators. 


In this paper, we shall focus our attention on electronic 
reverberators consisting of delay-lines, disc or tape delay, 
and amplifiers. Electronic reverberators are both cheaper 
than real rooms and have wider applicability, notably in the 
home (unless one wants to convert the basement into a 
reverberation chamber). They can also be employed to 
increase the reverberation time of auditoriums, thereby 
adapting them to concert hall use, without changing the 
architecture. 

Before attempting the difficult task of reproducing room 
characteristics by delay-lines to the ear’s satisfaction, it is 
wise to recall some of the important properties of large 
rooms. 


THE FREQUENCY RESPONSE OF LARGE ROOMS 


A room can be characterized by its normal modes of vi- 
bration. It has been shown? that the density of modes is 


* Presented October 14, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 

1W. Kuhl, European Broadcasting Union Review, Part A—Tech- 
nical, No. 49, May 1958. 


2 P. M. Morse and R. H. Bolt, Rev. Mod. Phys. 16, 69 (1944). 


nearly independent of room shape and is proportional to the 
square of the frequency: 


Number of modes per cps = (42%V//c*) f*. 


Here V is the volume, c = the velocity of sound, and f the 
frequency. 


Above a certain critical frequency,* given by 


fe = 2000 ¥ (7/V) (reverberation time T in seconds, 

V in m*), 
the density of modes becomes so high that many modes 
overlap. In this frequency range, which is of prime interest 
for large rooms, the concept of individual normal modes 
looses its practical (though not its theoretical) significance. 
The behavior of the room is governed by the collective ac- 
tion of many simultaneously excited and interfering modes 
resulting in a very irregular amplitude-frequency response.*® 
However, the fluctuations are so rapid (on the frequency 
scale) that the ear, in listening to a non-steady sound, does 
not perceive these irregularities.° (The response fluctuations 
can be heard by exciting the rooms with a sine wave of 
slowly varying frequency and listening with one ear.) When 
the room response is measured using, instead of a sine wave, 
a psychoacoustically more appropriate test signal such as 
narrow bands of noise, the response will indeed be much 
smoother. ‘ 


It is this apparent smoothness of a room’s frequency re- 
sponse which people have found particularly difficult to imi- 
tate with artificial reverberators. In this paper we shall 


M. R. Schroeder, Acustica 4, Beiheft 2, 594 (1954). 

E. C. Wente, J. Acoust. Soc. Am. 7, 123 (1935). 

H. Kuttruff and R. Thiele, Acustica 4, Beiheft 2, 614 (1954). 
A. F. Nickson and R. W. Muncey, Acustica 5, 44 (1955). 
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describe electronic reverberators which have perfectly flat 
amplitude-frequency responses. Thus, they not only over- 
come this long-standing difficulty but are actually superior 
to rooms in this one respect. 

However, a flat frequency response is not the only re- 
quirement for a high-quality reverberator. Before we can 
hope to successfully design one, we must also know some- 
thing about the transient behavior of rooms. 


THE TRANSIENT BEHAVIOR OF ROOMS 


How does a room respond to excitation with a short im- 
pulse? If we record the sound pressure at some location in 
the room as a function of time, we first observe an impulse 
corresponding to the direct sound which has traveled from 
the sound source to the pick-up point without reflection at 
the walls. After that we see a number of discrete low-order 
echos which correspond to one or a few reflections at the 
walls and the ceiling. Gradually, the echo density increases 
to a statistical “clutter.” In fact, it can be shown’ that the 
echo density is proportional to the square of the elapsed 
time: 

Number of echos per second = (4xc*/V) #*. 


The time after which the echo response becomes a statis- 
tical clutter depends on the width of the exciting impulse. 
For a pulse of width Af, the critical time after which indi- 
vidual echos start overlapping is about 

t,=5-+10°¥Y (V/At) (Vinm’*). 
Thus, for transients of 1 msec duration and a volume of 
10,000 m* (350,000 ft*), the response is statistical for times 
greater than 150 msec. In this region, the concept of the 
individual echo loses its practical significance. The echo 
response is determined by the collective behavior and inter- 
ference of many overlapping echos.® 

Another important characteristic of large “diffuse” rooms 
is that all modes have the same or nearly the same reverbera- 
tion time and thus decay at equal rates, as evidenced by a 
straight-line decay when plotting the sound level in decibels 
versus elapsed time. 

Still another property of acoustically good rooms is the 
absence of “flutter” echos, i.e., periodic echos resulting from 
sound waves bouncing back and forth between parallel hard 
walls. Such periodicities in the echo response are closely 
associated with one-dimensional modes of sound propagation 
which can be avoided by splaying the walls and placing 
“diffusors” in the sound path. 


THE CONDITIONS TO BE MET BY 
ARTIFICIAL REVERBERATORS 


After this brief review, we are in a position to formulate 
conditions to be met by artificial reverberators. 
(1) The frequency response must be flat when measured 


7L. Cremer, Die wissenschaftlichen Grundlagen der Raumakustik, 
(S. Hirzel Verlag, Stuttgart, 1948), Vol. 1 (Geometrische Raumakus- 
tik), p. 27. 

SR. Clark Jones, J. Acoust. Soc. Am. 11, 324 (1940). 


193 


with narrow bands of noise, with the bandwidth correspond- 
ing to that of the transients in the sound to be reverberated. 
This condition is, of course, fulfilled by reverberators which 
have a flat response even for sinusoidal excitation. 

(2) The normal modes of the reverberator must overlap 
and cover the entire audio frequency range. 

(3) The reverberation times of the individual modes must 
be equal or nearly equal so that different frequency compo- 
nents of the sound will decay with equal rates. 

(4) The echo density a short interval after shock excita- 
tion must be high enough so that individual echos are not 
resolved by the ear. 

(5) The echo response must be free from periodicities 
(flutter echos). 

In addition to these five conditions, a sixth one must be 
met which is not apparent from the above review of room 
behavior but easily violated by electronic reverberators: 

(6) The amplitude-frequency response must not exhibit 
any apparent periodicities. Periodic or comblike frequency 
responses produce an unpleasant hollow, reedy, or metallic 
sound quality and give the impression that the sound is 
transmitted through a hollow tube or barrel. 

This condition is a particularly important one because long 
reverberation times are achieved by circulating the sound 
by means of delay in feedback loops. The responses of such 
loops, which are the equivalent of one-dimensional sound 
transmission, are inherently periodic and special precautions 
are required to make these periodicities inaudible. 
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Fic. 1. Simple reverberator with exponentially decaying echo re- 
sponse. Frequency response resembles comb. 
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In the following, a basic reverberator is described which 
fulfills conditions (1), (3) and (6) ideally. By connecting 
several of these reverberating elements in series, conditions 
(2), (4) and (5) can also be satisfied without violating the 
others. 


TWO SIMPLE REVERBERATORS 


The simplest reverberator consists of a delay-line, disc or 
tape-delay which gives a single echo after a delay time r. 
Its impulse response is 


(1) h(t) = 8(t-7), 


where 8(¢) is the Dirac delta-function (an ideal impulse). 
The spectrum of the delayed impulse is 


(2) H() =e", 


where » is the radian frequency. The absolute value of 
H() is one. This means that all frequencies are passed 
equally well and without gain or loss. 

In order to produce multiple echos without using more 
(expensive) delay, one inserts the delay line into a feedback 
loop, as shown in Fig. 1, with gain g of magnitude less than 
one (so that the loop will be stable). The impulse response, 
illustrated in the center of Fig. 1, is now an exponentially 
decaying repeated echo: 


(3) A(t) = 8(t—+) + gd(t-—2r) + g*8(t-—3r) +... 


INO -9 lt OUT 
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FILTER 
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RESPONSE 
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/r 2/r 3/¢ FREQUENCY, f 
Fic. 2. Modification of simple reverberator. By adding proper 


amount of undelayed signal, frequency response of reverberator be- 
comes flat (all-pass reverberator). 


The corresponding complex frequency response is 
(4) H(o) = e*t + ge*ior 4 g2e-Bior 1 
or, using the formula for summing geometric series, 
(5) H(w) = e“#7/(1 — ge“). 

By taking the absolute square of H(w), one obtains the 
squared amplitude-frequency response: 
(6) |H(w) |? = 1/(1 + g*—2g cos wr). 
As can be seen, |H()| is no longer independent of fre- 
quency. In fact, for o = 2mx/r (n= 0, 1, 2, 3, .. .), the 
response has maxima (for positive g) given by 


(7) H maz = 1/(1-8), 

and, for » = (2m + 1) x/r, minima given by 
(8) Amin = 1/(1 + g). 

The ratio of the response maxima to minima is 
(9) A mac/H min = (1 + g)/(1-8). 


For a loop gain of g = 0.7 (-3 db), this ratio is 1.7/.3 = 5.7 
or 15 db! 

The amplitude-frequency response of a delay in a feed- 
back loop has the appearance of a comb with periodic maxi- 
ma and minima, as shown at the bottom of Fig. 1. Each 
response maximum corresponds to one normal mode. The 
natural frequencies are thus spaced 1/r cps apart. 

The 3 db-bandwidth of each peak is approximately 


(10) Af = —-ln g/(ar), 

where “In” denotes the logarithm to the base e = 2.718... 
Converting to logarithms to the base 10 (log), one obtains 
(11) Af = [1/(20r log e)] (—y/r) = 0367 (-y/r), 
where y is the loop gain in decibels: y = 20 log g. For y = 
—3 db, the bandwidth is about .11/r or only one-ninth of the 
spacing of the natural frequencies. The subjective effect of 


this resonant response is the hollow or reedy sound quality 
mentioned above. 


ALL-PASS REVERBERATORS 


In our search for better reverberators we discovered that 
a certain mixture of the output of the multiply delayed and 
the undelayed sound resulted in an equal response of the 
reverberator for all frequencies. The mixing ratio that ac- 
complishes this and results in unity gain for all frequencies 
is (-g) for the undelayed sound and (1 — g*) for the mul- 
tiply delayed sound. The corresponding circuit is shown in 
Fig. 2. Its impulse response is given by 
(12) = A(t) = -g8(t) + (1-8?) 

[8(¢—7r) +°g8(t-2r) +...] 

The corresponding frequency response is 
(13) H(w) = -g + (1 -g?) [et#7/(1 - ge") ], 
or 
(14) H(w) = (e7 — g)/(1 - ger), 
or 


(15) H(w) = er [(1—geier) /(1 — gee) ]. 
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SERIES CONNECTION OF ALL-PASS LOOPS 


ALL-PASS 
LOOPS) 


Fic. 3. Series connection of several all-pass reverberators with in- 
commensurate delays to make echo response aperiodic and increase 
echo density. 


What is the absolute value of this H(w)? The first factor 
on the right has, of course, absolute value one. The second 
factor is the quotient of two conjugate complex vectors, i.e., 
its absolute value is also one. Thus, 


(16) \H(w)| = 1. 


In other words, the addition of a suitably proportioned un- 
delayed path has converted the comb filter (Eq. 6) into an 
all-pass filter (Eq. 16). This is not a mere academic result. 
The conversion of a comb filter into an all-pass filter is ac- 
companied by a marked improvement of the sound quality 
from the hollow sound of the former to the perfectly “color- 
less” quality of the latter. 

Now we are in possession of a basic reverberating element 
which passes all frequencies with equal gain and thus fulfills 
conditions (1) and (6) above. The spacings and decay 
rates of the normal modes (though no longer “visible” as 
resonant peaks of the amplitude-frequency response) are the 
same as those for the previously discussed comb filter. Thus, 
condition (3), requiring equal decay rates for the normal 
modes, is also fulfilled. 

Whether the normal modes overlap (condition 2) or 
not can no longer be judged on the basis of the amplitude- 
frequency response because it is constant. However, the 
phase-frequency response still reflects the distribution of 
normal modes and thus must conform to condition (2). The 
phase-lag of H(w) as a function of frequency is, with Eq. 
(15), 

(17) o() = or + 2 arctan (g sin wr/1 — g cos wr). 


A more convenient quantity to consider is the rate of change 
of phase-lag with respect to radian frequency: 


(18) do/dw = [(1 - g*)/(1 + g*- 2g cos wr) | 1, 


which has exactly the same dependence on as the square 
amplitude-frequency response |H()|* of the corresponding 
comb filter (see Eq. 6). The physical significance of d¢/dw 
is that of the envelope or “group” delay of a narrow band 
of frequencies around ». According to Eq. 18, for a loop 
gain of g = 0.7 this envelope delay fluctuates as much as 


32:1 for different frequency bands, with the long delays 
occurring, of course, for frequencies near the natural fre- 
quencies, 2xn/r (n= 0, 1, 2,...), of the filter. The half- 
width of the envelope delay peaks is the same as that for 
squared amplitude (see Eq. 10). Thus, for a loop gain of 
-3 db, only one-ninth of all frequency components suffer a 
large envelope delay while the remaining frequencies are 
much less delayed. This constitutes a very unequal treat- 
ment of different frequency components and violates con- 
dition (2). 

The remaining two conditions, (4) and (5), are also vio- 
lated, as we shall see immediately. The relationship be- 
tween reverberation time T (defined by a 60 db decay) and 
the two parameters of the reverberator, the delay r and the 
loop gain y in decibels, is as follows. For every trip around 
the feedback loop the sound is attenuated y db. Thus, the 
60 db decay time is 


(19) = (60/-y) r. 
For y = -3 db,® we have T = 20+ r+. Thus, in order to 


TQS pa 
ee elhe ee 


IMPULSE RESPONSE OF ALL-PASS REVERBERATOR 


Fic. 4. Echo response of all-pass reverberator consisting of five 
simple reverberators connected in series, as shown in Fig. 3. 


achieve, for example, 2 seconds of artificial reverberation, 
the loop delay must be 0.1 sec. With this loop delay the 
basic reverberating element shown in Fig. 2 produces one 


® We do not consider open loop gains greater than 0.7 (-3 db) be- 
cause in practice it is difficult to maintain the desired closed loop 
characteristics with gains too close to unity. 
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echo every one-tenth of a second. This constitutes a most 
undesirable periodic flutter echo. Also, the echo density 
(ten echos per second) is much too low to give a continuous 
reverberation. Thus, conditions (4) and (5) are violated. 


How can one obtain a less periodic time response and a 
greater echo density without giving up the all-pass charac- 
teristic?’” If several all-pass feedback loops with incom- 
mensurate loop delays are connected in series, as illustrated 
in Fig. 3, the combined frequency response remains flat, 
while the echo response becomes aperiodic and the echo den- 
sity increases. 

In addition, a better coverage of the frequency axis with 
normal modes is achieved. In fact, the envelope delay re- 
sponse of the series connection is a sum of terms like Eq. 18 
with different r’s. Since each of these terms “covers” only 
one-ninth of the frequency axis, at least five all-pass feed- 
back loops in series are required. On the other hand, one 
can also show that too many all-pass feedback loops in tan- 
dem are bad because they lead to a very unnatural, non- 
exponential reverberation which builds up to its maximum 
intensity rather slowly before it starts decaying. We shall 
spare the reader the mathematical details of this peculiar 
reverberation because he has already suffered too much, we 
are afraid. 


Fig. 4 shows the impulse response of five all-pass filters 
connected in series with loop delays of 100, 68, 60, 19.7, 
and 5.85 msec. The loop gains are +.7, -.7, +.7, +.7, 
and +.7 respectively. This combination of delays and gains 
was arrived at after considerable experimentation, observing 
the response to a variety of sounds, both on the oscilloscope 
and by listening, and using a smooth envelope of the decay 
as a criterion. The appearance of the echo response is quite 
random and not unlike that of real rooms.''!* An increase 
in pulse density with increasing time can also be noticed. 


DIGITAL COMPUTER SIMULATION 


The impulse response shown in Fig. 4 was obtained from 
a large digital computer (IBM 7090) in conjunction with 
special digital-to-analog conversion and plotting apparatus. 
In addition to using the computer as a “draftsman,” many 
of the actual reverberation experiments were performed with 
the help of the digital computer. In this research method 
(sometimes called “digital simulation”!*) ordinary (‘ana- 
log”) tape recordings of the sound to be reverberated are 
prepared and converted into digital tapes by means of spe- 
cial conversion equipment. The computer then reads the 


10Nico Franssen of Philips Research Laboratories (Eindhoven, 
Netherlands), has suggested the use of multiple feedback, proportion- 
ing the gains to give a flat open-loop frequency response (Bericht 
iiber die 4. Tonmeistertagung, October 1957, Detmold, Germany, p. 
10). This allows larger loop gains without incurring instability. How- 
ever, a feedback loop around an all-pass filter results in a non-flat 
frequency response, unless supplemented by a direct path of suitable 
gain as described above. 

11 E. Meyer and R. Thiele, Acustica 6, Beiheft 2, 425 (1956). 

12G. R. Schodder, Acustica 6, Beiheft 2, 445 (1956). 

13 E. E. David, Jr., Proc. IRE 49, No. 1, 319-329 (1961). 
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digital tape and acts upon it exactly like any desired real 
equipment would act on the sound signal. To facilitate the 
programming of the computer, our engineers make use of a 
special translation program, developed at Bell Telephone 
Laboratories, which translates their block diagrams into the 
computer language. Thus, the computer first “compiles” its 
own program on the basis of the block diagram information 
and then acts on the sound as the block diagram would do. 
It then prepares one (or several) digital output tapes which 
are converted back into analog tape recordings and evalu- 
ated by listening. Needless to say this is a very powerful 
research tool, especially when complex equipment is to be 
evaluated! In this manner we have studied the subjective 
quality of a great variety of reverberators with both flat and 
nonflat frequency responses. 


APPLICATION TO QUASI-STEREOPHONY 


The late Holger Lauridsen™ of the Danish State Radio 
has discovered a method of splitting a single audio signal 
into two “quasi-stereophonic” signals which gives the lis- 
tener all the “ambience” of multi-channel stereophony but 
permits, of course, no correct localization of individual sound 
sources. In order to achieve this, Lauridsen has used delay 
networks connected to form a pair of interleaved comb 
filters.” However, these comb filters give rise to unpleasant 
sound qualities—not quite as pronounced as in artificial 
reverberators, but nevertheless easily perceptible. We have 
overcome this disadvantage by using a pair of all-pass filters, 
like the one shown in Fig. 2, to split the single-channel audio 
signal. This idea is described in greater detail in a forth- 
coming publication." 


SUMMARY 


Several reverberators of the all-pass type were successfully 
simulated on a digital computer (IBM 7090). Others were 
instrumented with delay-lines and tape-delay. No colora- 
tion of the reverberation sound was detected in any of these 
electronic reverberators. Our listening experience with all- 
pass reverberators indicates that the problem of unequal re- 
sponse to different frequencies has been solved and sound 
“coloration” completely eliminated. Audible flutter echos 
have been avoided by the use of several all-pass feedback 
loops with “incommensurate” delays in series. 


The application of all-pass reverberators to the problem 
of increasing the reverberation time of auditoriums and con- 
cert halls by purely electroacoustic means’ remains to be 
studied. Here the flat frequency response is particularly 
important for two reasons: (1) It minimizes acoustic feed- 
back problems. The “ringing” and instability due to the 


14H. Lauridsen, Ingenigren, No. 47, 906 (1954). 

15M. R. Schroeder, J. Audio Eng. Soc. 6, 74 (1958). 

16M. R. Schroeder, “Improved Quasi-stereophony and ‘Colorless’ 
Artificial Reverberation,” to be published in J. Acoust. Soc. Am., 
August 1961. 

17 R. Vermeulen, J. Audio Eng. Soc. 6, 124 (1958). 
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unavoidably irregular frequency response of the room can 
be reduced by shifting all frequency components of the re- 
verberated sound by a small constant amount.’* (2) A flat 
response of the reverberator contributes to the high sound 
quality required in concert hall applications. Ultimate ac- 


18M R. Schroeder, Radio Electronics 31, 40 (February 1960). See 
also “Improvement of Acoustic Feedback Stability in Public Address 
Systems,” Proc. 3d Internat]. Congr. Acoustics, to be published by 
Elsevier Publ. Co., Amsterdam, 1961. 


ceptance of electroacoustic techniques in concert halls and 
opera houses is assured only if the artificial effects are not 
recognized as such by the music-loving public. 


ACKNOWLEDGMENTS 


We thank Miss Nancy Nordahl for assistance in the com- 
puter simulation experiments and Messrs. A. J. Prestigia- 
como, F. K. Harvey and J. G. Cisek for conducting a variety 
of auxiliary experiments. 


Benjamin F. Logan, Jr. is a native 
of Coahoma, Texas, and received the 
B.S. degree in Electrical Engineering 
from Texas Technological College, Lub- 
bock, Texas, in 1946 and the MS. de- 
gree from Massachusetts Institute of 
Technology, Cambridge, Massachusetts, 
in 1951. 

During the latter period he was a 
research assistant in the Research Lab- 

B. F. Locan, Jr. oratory of Electronics, investigating 

characteristics of high-power electrical 
discharge lamps. Later he was engaged in analogue computer 
development at the Dynamic Analysis and Control Laboratory, 
M.1.T., where he remained until 1955. He was then employed 
by Hycon-Eastern, Inc., Cambridge, Massachusetts, where he 
was concerned with the design of air-borne power supplies. 
He joined Bell Telephone Laboratories, Murray Hill, New 
Jersey in the summer of 1956, as a member of the Visual and 
Acoustics Research Department where he currently is con- 
cerned with the processing of speech signals. He is also work- 
ing toward the Eng. D. Sc. degree in electrical engineering at 
Columbia University, New York, New York. 

Mr. Logan is a member of Sigma Xi and Tau Beta Pi. 


THE AUTHORS 


Manfred R. Schroeder, a native of 
Ahlen, Germany, received a degree in 
physics in 1951 and the degree of Dr. 
rer. nat. in 1954 from the University of 
Goettingen. He came to the United 
States and joined the technical staff of 
Bell Telephone Laboratories a_ short 
time later. 

Dr. Schroeder's work has encom- 
passed a variety of phases in the field 
of acoustics. He has been engaged in 
study and development of speech band- 
width compression and vocoders, monaural phase perception 
in the area of psychoacoustics, theory and new measurement 
methods for studies of room acoustics, new microphone prin- 
ciples and a method for reducing feedback in public adress sys- 
tems, and nonsynchronous time division and address coding. 

He is the author of many technical articles and has been a 
speaker at a number of international professional conferences. 
He serves on the National Stereophonic Radio Committee, an 
advisory group to the FCC, and on the Armed Forces—National 
Research Council Committee on Hearing and Acoustics. 

Dr. Schroeder is a Fellow of the Acoustical Society of 
America, a Governor of the Audio Engineering Society and a 
member of the Summit Association of Scientists and the Ger- 
man Physical Society. 


M. R. ScHROEDER 


< 


Pores Nee 


& oss es 


army 


as 


a 


i 


« Coe 
ve ew 


big. 

oe 

a ce: 

aan) * 

real Ones 
fa os 
one aa 
the ee Whe 
soa ae 
its a a 
tion a" 
hich ag i 
alu- ae 
rae 

rful rag 
» be Rig: 
pr i 
an ‘ = 
‘= 

i 

an 

ie 

Cpe 

. 

= 

{ a” 

ey 

| 

ae 

gail 

3 

- 

ue 

iz 

; ze 

om 

ee 

BS 

io 

ig 

one 

3 

4 

ie 

.: 

ey 

~ 

Ras 

i 

a 

| i 

ng 

: oem 

: : cae - 

. be — ) ™ ee, ~ 7 sae aa ae = ioe. ial _ a 7 ee? eos 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


JULY 1961, VOLUME 9, NUMBER 3 


Artificial Reverberation Facilities 


for Auditoriums and Audio Systems” 


G. R. CRANE AND G. A. BROOKES 


Westrex Corporation, Hollywood, California 


Two new equipments for producing artificial reverberation are discussed. One is used to increase 
the effective reverberation time of churches or other auditoriums where the natural reverberation 
time is below the desired value. The other is intended for audio studio application to introduce 
special effects. The artificial reverberation is produced in a magnetically-recorded multiple-output 
memory system. In the auditorium application, the reverberation information is fed to a series of 
side-wall speakers which simulate a series of reflecting surfaces, each set receiving its own distinctive 
reverberant information. In both auditorium and studio applications, the reverberation time and 
reverberation frequency response can be controlled over a wide range. 


INTRODUCTION 


EVERAL artificial reverberation systems have been in- 
troduced in the last few years which employ novel means 
of producing delayed repetitions of the original signal. Some 
types introduce undesirable side effects such as mechanical 
noise, microphonics or resonance. Others lack the range of 
control which is extremely desirable in broadcast and record- 
ing studio applications. Few, if any, have adequately pro- 
vided for “live” program material in auditorium applications. 
The reverberation generating equipments described in this 
paper utilize high-quality magnetic recording and reproduc- 
ing techniques which in themselves are not entirely new for 
this application. However, special design considerations and 
functional innovations have been incorporated which greatly 
add to the naturalness and dramatic quality of the rever- 
beration effect and to the flexibility of the system. 


REQUIREMENTS OF ARTIFICIAL REVERBERATION SYSTEM 
Review of Reverberation Effect 


Before describing the units which have been developed, it 
would be well to review briefly the nature of the reverbera- 
tion effect and to discuss some of the factors which have to 
be considered in the design of reverberation systems. 


As is well known, a sound generated within an enclosed 
area will be propagated in all directions and will suffer suc- 
cessive reflections and absorptions until the energy is com- 
pletely absorbed by the reflecting surfaces and the air. The 
rate of decay of the sound is determined by the rate of ab- 
sorption and this in turn is dependent upon the volume and 


* Presented April 5, 1961 at the Spring Convention of the Audio 
Engineering Society, Los Angeles, California. 


shape of the room as well as the nature of the reflecting 
surfaces. The volume and shape of the room will naturally 
determine the length of the mean free path for the sound and 
hence the mean delay between successive reflections. 

By definition, reverberation time is the time required for 
the original sound to be attenuated by 60 db as a result of 
the multiple reflections and absorption, as discussed above. 
Conventionally, this time is quoted for a single frequency, 
usually 512 cps. However, in the general case the reverbera- 
tion time will vary considerably over the audio frequency 
range. 

Experience has shown that, on a subjective basis, there 
is an optimum reverberation time and optimum reverbera- 
tion time-frequency characteristic for any auditorium which 
varies with the volume of the auditorium and with the sub- 
ject matter presented. As an example of the variation of 
the optimum figure with frequency for a room of cubic di- 
mensions of 10° cubic feet, the optimum reverberation time 
at 100 cps may be in the order of 0.7 second greater than 
that for 500 cps. 

Figure 1 has been prepared to indicate approximately how 
the optimum reverberation time varies with type of program 
material and in rooms of different volume. 

The optimum reverberation time for dialogue is relatively 
short, in order to provide maximum clarity and intelligibility 
of each syllable. However, such an acoustic condition is 
detrimental to pleasing rendition of music. Furthermore, 
the optimum reverberation time for different types of music 
material also varies. As will be noted from Fig. 1, the range 
of optimum reverberation time between dialogue and, say, 
organ music may be in the order of 0.5 second or more. 


System Requirements 


It will be appreciated that any system designed to closely 
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simulate the reverberation effect must provide the following 
features. First, and fundamentally, it must simulate a series 
of multiple reflections. Second, it must be capable of pro- 
viding the desired reverberation time. Third, the effect of 
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Fic. 1, Optimum reverberation time plotted against auditorium size. 


variation in absorption over the frequency range must be 
accomplished. Finally, for maximum utility in an audi- 
torium used for a variety of purposes, all of the above fea- 
tures should be readily adjustable from an appropriate con- 
trol position. 


Record-Reproduce Cycle 


If we now consider a record-reproduce cycle which em- 
ploys magnetic tape, it will be obvious that a signal can be 
recorded and subsequently reproduced at the reproduce 
head. The time delay so introduced will be dependent both 
upon the speed of the tape and the physical spacing between 
the recording and reproducing heads. By the use of a series 
of reproducing heads it is possible to provide a succession 
of delayed signals, and with suitable adjustment of the rela- 
tive output level of each reproducing circuit it is possible to 
effect a decay characteristic. 

To give a smooth decay of sufficiently long duration, how- 
ever, it would be desirable to provide an infinite number of 
reproducing heads and to have these heads closely spaced. 
Minimum head spacing is limited by head dimensions, but 
it is possible within certain limitations to increase tape speed 
and adjust the relative output level of successive reproduc- 
ing circuits accordingly. This may be best visualized by 
taking a simple example. Let us assume that a reverbera- 
tion time of 1.5 sec is required, that the tape speed is 20 in. 
per second, and that the spacing between successive repro- 
ducing heads is 1 in. This means that the time delay be- 
tween successive reproductions is 0.05 sec. The difference 
in level between reproduced signals should then be 60/ 
(1.5 & 20) or 2 db, and 30 such delayed signals would be 


involved in a 60 db decay to establish a decay characteristic 
equivalent to a 1.5 sec reverberation time. Increasing the 
tape speed by a factor of two or decreasing the head spacing 
by a factor of two would mean that the difference in output 
level between heads should be 1 db. If we retain the same 
tape speed and head spacing it will be appreciated that the 
apparent reverberation time can be varied by suitable ad- 
justment of the relative output level of the reproducing cir- 
cuits and feedback paths. There is obviously a practical 
limit to the proximity of head spacing. Considerations of 
head wear and transport design dictate the limitations of 
maximum tape speed. 

Reverting to the discussion of the number of reproduc- 
ing heads required, whereas in order to provide an essen- 
tially smooth decay characteristic it is desirable to provide 
a large number of reproducing heads, economic considera- 
tions reduce the actual number which can be employed. 
This problem is solved by taking the output signal from the 
last reproducing circuit through a feedback path and inject- 
ing it into the recording circuit at a level compatible with 
the required decay characteristic. 

Some further economy can be effected by reducing the 
number of reproducing head assemblies as distinct from the 
number of reproducing heads. This approach is shown in 
Fig. 2. The function of the erasing head shown in this illus- 
tration will be discussed later. 

It will be noted that two staggered half track recording 
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Fic. 2. Record/reproduce head spacing. 


heads are provided, together with a series of half-track, in- 
line reproducing heads. If the information which is to be 
reverberated is applied to both recording heads simultane- 
ously, it will be seen that a delay of 0.1 sec is obtained be- 
tween recording head No. 1 and the channel | reproducing 
head. 

A delay of 0.2 second is obtained between recording head 
No. 2 and the channel 2 reproducing head and so forth. In 
this particular example, a saving of three head assemblies 
is effected. If the recording medium is in the form of a 
continuous loop rather than on a reel-to-reel basis, then ob- 
viously it is not necessary to reload the transport at the end 
of each reel. However, it is necessary to provide an erasing 
head to remove any previously recorded signal. 


Frequency Characteristic 


The introduction of other than a flat frequency character- 
istic can be achieved by the provision of adjustable equali- 
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zation in each reproducing circuit, or, in certain applications 
to be discussed later, by merely equalizing the total output 
from the reverberation system. 


Summary of Basic Provisions of System 


Summarizing the above, by providing a series of reproduc- 
ing heads a series of reflections can be simulated. The dif- 
ferences in the mean free path of different rooms and hence 
in reverberation characteristics can be simulated by the se- 
lection of reproducing-head spacing or tape speed changes, 
together with suitable adjustment of the relative output 
level from reproducing heads and the level of feedback signal 
applied to the recording head. The simulation of reverbera- 
tion frequency characteristics can be effected by the intro- 
duction of suitable equalization to the reverberation signals. 


SIMPLIFIED SCHEMATIC OF DISTRIBUTED 
REVERBERATION SYSTEM 


Let us now consider the application of the system to intro- 
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duce artificial reverberation into an auditorium. Figure 3 
shows the simplified schematic circuit of such a basic system. 

The outputs of a series of microphones are connected 
through microphone preamplifiers and a mixing network to 
a recording amplifier and pairs of recording heads as de- 
scribed previously. The output of each reproducing head is 
connected, through appropriate amplifiers, to a separate pair 
of loudspeakers which are mounted on opposite sides of the 
auditorium. The reproduced outputs of greater time delay 
are connected ‘to speaker pairs further to the rear, in the 
auditorium. The number of reproducing circuits and speak- 
ers provided will depend on the size of the auditorium and 
also upon the nature of the reverberated signal. 

Generally, it has been found that the provision of eight 
reproducing circuits with a time delay of 0.1 sec between 
them has been very satisfactory for the reproduction of 
choral and organ music. It will be noted that provision is 
made for the adjustment of the relative output level of each 
reproducing amplifier and that this is shown in the form of 
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Fic. 3. Distributed reverberation system: simplified block schematic. 
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a potentiometer control. This could equally well be a series 
of fixed resistors, the value of which could be changed simul- 
taneously from some remote control point to establish a dif- 
ferent output level and hence decay characteristic. This 
facility would permit an instantaneous change as the type 
of program material was changed. 
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Fic. 4. Effects reverberation system: simplified block schematic. 


The equalizers in each reproducing path are of the type 
which permits adjustment of both low and high frequency 
boost or attenuation as required, depending on the natural 
acoustic characteristic of the auditorium and the particular 
effect desired. 

The feedback path from the last reproducing head will be 
noted as well as the erase circuit; both of these have been 
discussed previously. 

Let us now assume that a pulse is recorded. It will ap- 
pear at the output of each reproducing circuit successively 
and at a successively decreasing intensity level by virtue 
of the setting of the output potentiometers. After reproduc- 
tion from the last head, the signal will be re-recorded by 
virtue of the feedback circuit connection, and the process 
will be repeated until such time as the signal is completely 
attenuated. 

It will be obvious, however, that the effect will be of a 
series of pulses which will apparently travel in succession 
from the front to the rear of the auditorium and subse- 
quently be repeated at a lower level. If we now intercon- 
nect the speaker circuits in some fashion so that in addition 
to the information received directly from the associated 
reproducing amplifiers additional information is received 
from other channels, then the true random reverberation 
effect is approached. Such an interconnection is shown in 
block schematic form by the block labelled “Scrambler” in 
Fig. 3. It will be appreciated that if, for example, we trans- 
mit a portion of the output of, say, channel eight to channel 
one, then the level of the secondary signal relative to the 
primary signal should be at a lower level than the primary 
since the secondary signal is simulating a longer delay. 

Conversely, if a portion of the signal from channel two, 
say, is connected to channel five, the added signal will have 
to be at a higher level than that of channel five since it is 
simulating a signal which has suffered less delay. The deter- 
mination of the most suitable interconnection arrangements 
is best achieved by on-site tests at a particular installation. 


Simplified Block Schematic of Effects Reverberation System 
Let us now consider a reverberation system which would 


be used for effects purposes in recording or radio studios. 
The block schematic of such a system is shown in Fig. 4. 
The drawing shows a single-channel system but is typical 
also of the circuitry of a multi-channel system. A portable 
multi-channel variation of this system is in fact being used 
for “live” productions and will be discussed in some detail 
later. 

Slight variations of the previously described system for 
auditorium application will be seen. The input signal is 
applied to the recording head through the recording ampli- 
fier circuit as before. A succession of reproducing heads, 
reproducing amplifiers and feedback circuit as well as erase 
facilities are again provided, but since a single output is 
involved, control of the frequency response of the rever- 
berated signal is effected by a single equalizer in this output. 
It will be noted that the outputs from successive reproducing 
circuits are connected together and then combined with the 
original signal. Control of the level of the reverberated 
signal relative to the original signal is effected by the at- 
tenuator in the reverberation output circuit. The slope of 
the reverberation characteristic is determined by the setting 
of the output level of each reproducing amplifier and by 
adjustment of the feedback control. Some audio engineers 
prefer to keep the feedback control fixed and to vary the 
effective reverberation time merely by controlling the 
amount of reverberation mixed with the live signal. 


Fic. 5. Distributed reverberation system equipment cabinet. 
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Distributed Reverberation Equipment Unit Description 


Figure 5 is a view of the equipment used in the distributed 
reverberation system for auditorium application.. The main 
items of interest in this view are the mixer panel with asso- 
ciated input controls and volume indicator meter, and the 
tape transport panel which is below it. The bottom unit in 
the rack is the equipment power supply. The remainder of 
the electronic equipment with the exception of the power am- 
plifiers, which are in a separate rack, is mounted behind the 
blank panels. 


Mixer Control Panel 


The mixer control panel is shown in more detail in Fig. 6. 
Controls are provided for four microphone input circuits 
and indication of recording level is given by the volume indi- 
cator meter. All microphone preamplifiers are of etched cir- 
cuit board construction and employ vacuum tube circuitry. 


Film Transport and Tape Cartridge 


Figure 7 is a close-up view of the film transport, showing 
the tape cartridge. This cartridge is easily replaced and 
contains a 225-ft loop of durable, dry-lubricated 4-in. wide 
magnetic tape. 

The capstan can be seen on the right hand side of the 
illustration and beneath this is the puck, shown in its re- 
tracted position. When the unit is energized, the puck is 
engaged with the capstan by actuation of a solenoid. The 
width of the puck is greater than that of the tape and the 
puck therefore engages the capstan outside the tape area. 
Since the coefficient of friction between the puck and the 
film is greater than that between the film and the capstan, 
the majority of the drive is effected by the puck on the 
oxide side of the tape. The rubber-covered drum in the 
lower left-hand corner is attached to a flywheel which is 
driven by the belt action of the film and effectively removes 
the minor motional disturbances imparted to the tape as it 
is drawn out of the center of the tape cartridge. 

The capstan is provided with precision bearings and a 
high-inertia, belt-driven flywheel. An improved belt design 
insures excellent tape motion with high reliability. Normal 
tape speed is 10 ips. Other optional speeds of 5, 714, 15 
and 20 ips are available for other ranges of effective rever- 
beration time or simulated mean free path. 


Magnetic Head Assembly 
Figure 8 is a view of the tape transport with the head 


Fic. 6. Distributed reverberation system: mixer panel. 
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Fic. 7. Distributed reverberation system transport. 


shield cover removed. From left to right can be seen a full 
track erase head; two staggered, half-track recording heads 
and four dual pairs of half-track in line reproducing heads. 


Control Unit 


Figure 9 is a view of the control unit which is located be- 
neath one of the blank panels in the rack. As with the pre- 
vious illustration, this particular version is designed for an 
eight-reproduce-head system. Control of the first five chan- 
nels is effected by the units on the upper half of the panel 
and the control of the remaining channels on the lower. 
Each channel is provided with a separate modular unit and 
has four controls. The first is a three-position switch which 
permits the channel to be switched off completely or to be 
switched on with or without the associated equalization cir- 
cuit. The second control, labelled Scramble, permits ad- 
justment of the amount of signal cross-connected from one 
reproducing circuit to another. The two lower controls 
permit adjustment of the low and high frequency response 
of the particular reproducing circuit by approximately 12 db 
boost or attenuation. The Scramble control on the right- 
hand corner of the panel switches in or out of circuit all 
interconnections between various reproducing circuits for the 
purpose of initial installation adjustment. 

The feedback control is in the lower right-hand corner. 

Although not shown in these illustrations or described in 
detail, the reproducing amplifiers, bias-erase oscillator and 
equalizer units are all transistorized modules. 


Fic. 8. Distributed reverberation system: magnetic head assembly. 
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Effects Reverberation System 


The packaging of the reverberation system for radio or 
recording studio effects purposes is very similar to that 
shown in the above illustrations. The transport and car- 
tridge arrangements are practically identical. However, as 
mentioned previously, the need arises occasionally for multi- 
channel versions for stereophonic application, in which wider 
tape is employed. 


Magnetic Drum Type System 


An interesting application of the introduction of rever- 
beration for effects purposes is that being used by the Ray 
Conniff Orchestra. A photograph of the transport is shown 
in Fig. 10. 

In this instance, portable equipment was required which 
could be used in conjunction with a portable sound rein- 
forcing system for “live” program material. To some extent, 
therefore, the features of the distributed reverberation sys- 
tem and effects reverberation system were combined. The 


complete system which includes a three-channel reverbera- 
tion system was developed by Westrex Corporation. 

The essential difference between this and the equipment 
which has been described previously lies in the design of the 
film transport and recording medium. Figure 10 shows a 
view of this transport. It comprises an aluminum drum 5 
in. in diameter driven from a synchronous motor. Magnetic 
oxide impregnated neoprene belts are stretched around the 
periphery of the drum and a separate belt section is used 
for each of the three separate information channels. The 
belts are each approximately 54 in. wide and \% in. thick 
and have practically indefinite life. The neoprene belt ap- 
proach was employed in this instance primarily because of 
the rugged nature required of the overall system. The 
equipment is required to withstand the vibration and shock 
occasioned by frequent transportation, and a minimum of 
maintenance is an absolute necessity. Other parameters 
being fixed, the high frequency response obtainable is some- 
what less than that for magnetic oxide tape; however, the 
response is quite adequate for this application and no com- 
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Fic. 9. Distributed reverberation system: control panel. 
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promise has therefore been made in overall performance. 
Nevertheless, care has to be taken in the mechanical and 
electronic design of neoprene belt type systems. The pri- 
mary need for careful design considerations lies in the sus- 
ceptibility of the medium to indentation and to the possi- 
bility that it will record information which, due to the thick- 
ness of the belt and consequent depth of recording in the 
medium, becomes difficult to erase. The former difficulty is 
surmounted by providing a mechanism actuated by a sole- 
noid which retracts the heads from the belt when the power 
is removed or when the drum is not rotating. Provision of 
limiting diodes on the output of the recording amplifiers in- 


Fic. 10. Effects reverberation system: drum type transport. 


sures that high transient signals are not recorded too deeply 
into the medium to permit ready erasure. 

The view of the transport shown in Fig. 10 shows the six 
banks of three magnetic heads arranged around the periph- 
ery of the drum. The head sequence is: one erase bank, one 
record bank and four reproducing banks. The knurled nut 
on the top of each bank is provided to permit adjustment of 
each head position around the periphery of the drum and 
thus permit a range of control of reverberation decay char- 
acteristic. In practice, after having initially set the head 
positions no further adjustment is necessary. 

The electronic equipment provision within the artificial 
reverberation generatiug equipment is essentially that de- 
scribed in the text associated with Fig. 4. However, in ad- 
dition to the recording circuit, output connection is made 
through a mixing control console to a multichannel power 
amplifier and speaker system. 

With respect to the application of the two basic versions 
of these systems, it will be obvious that the effects type 
which is intended for broadcast and film recording studio 
application provides the features of an echo chamber but 


in much less space, at less expense, and with a considerably 
greater degree of control. The effective reverberation time 
can be varied continuously over a range of up to five seconds 
or more. Adjustment is provided for the relative level of 
reverberated to direct signal and the former may even be 
made to exceed the latter for special effects. 

The distributed reverberation system also permits a wide 
range of control and has been designed to provide flexibility 
of circuitry and levels to accommodate a wide range of 
acoustic environmental conditions. This system has been 
demonstrated to great effect in small enclosures as well as 
large churches and auditoriums. Perhaps the most impres- 
sive demonstration took place in the Hall of the Crucifixion 
at Forest Lawn Memorial Park in Burbank. This Hall is 
of a most unusual design and comprises a structure approxi- 
mately 100 ft deep, 200 ft wide and 50 ft high. 

In this instance, the natural reverberation time was very 
effectively increased from approximately 2.3 to 4.5 sec to 
achieve particular dramatic effects. 


CONCLUSION AND ACKNOWLEDGMENT 


In conclusion we believe that the development of these 
equipments has made significant contributions to the state 
of-the-art, particularly with respect to the distributed rever- 
beration type. In this connection we would like to express 
our appreciation to Mr. Joseph S. Whiteford, Chairman of 
the Board of Aeolian Skinner Organ Company of Boston, 
Massachusetts, for his significant contributions to the de- 
velopment of the distributed reverberation system. 
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Sonic Window in the Ocean* 


DANIEL W. PaInter II 


Lockheed Aircraft Corporation, Burbank, California 


The transmission of sound across a plane boundary between sea and air is considered theoreti- 
cally. An analytical expression of the sound transmission coefficient for the case of oblique sound 
incidence is given, and the variation of the sound transmission coefficient with the angle of incidence 
is shown. An idealized method for decreasing the sound transmission loss across the air-sea boundary 
by means of an intermediate medium whose characteristic impedance is the geometric mean of the 
impedances of air and sea is discussed. These concepts are applied to some current problems in the 


area of anti-submarine warfare. 


JULY 1961, VOLUME 9, NUMBER 3 


INTRODUCTION 


OUND transmission from air to sea or from sea to air 
has in the past several years become a topic of more 
than academic interest to acousticians and system designers, 
due primarily to the added emphasis on anti-submarine war- 
fare (ASW) technology. This topic can best be treated 
analytically by considering separately the propagation of 
sound through the air, through the sea, and across the inter- 
face or boundary between air and sea. It is the latter as- 
pect, the propagation of sound across the interface, which is 
considered here. However, rather than duplicate the classi- 
cal treatment of sound transmission from one medium to 
another, a brief resume of the theory will be presented and 
the results applied to the problem of secure air-sea com- 
munication. 


The advent of nuclear-powered submarines capable of re- 
maining submerged for very long periods of time has created 
a host of new problems for the Navy. One of the foremost 
problems is that of secure communication, that is, communi- 
cation without revealing the presence of the submerged sub- 
marine. Nuclear-powered Polaris-firing submarines must re- 
main on station, submerged and undetected, for months at 
a time in order to successfully carry out their mission as a 
deterrent force, yet they must also be capable of communi- 
cating with the fleet command. Communication by means 
of very low frequency radio waves (only long wavelength 
electromagnetic waves penetrate the sea to any appreciable 
distance) has been successfully tried, but as yet the com- 
munication is not secure. The submarine must be close to 
the surface for its antenna to pick up the signals, and the 
radio signals can also be detected by others. The use of a 


* Presented April 6, 1961 at the Spring Convention of the Audio 
Engineering Society, Los Angeles, California. 
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surface floating antenna or a sonobuoy as a transmission link 
between submarine and aircraft is also susceptible to de- 
tection. 

Another approach to this problem is to develop a purely 
acoustic communication network which can be operated se- 
curely. One of the major difficulties with such a system is 
the high acoustic power output required to achieve a suffi- 
cient range of communication. The high power is necessary 
because of the loss of energy suffered by the sound wave as 
it travels along the transmission path. The point at which 
the greatest energy loss occurs is at the air-sea boundary; 
therefore, elimination of the loss at the interface would sig- 
nificantly reduce the acoustic power requirements of the 
communication system. In the following it will be shown 
that the interface can, at least in theory, be modified to 
reduce the transmission loss between air and sea. 


THEORY 
Sound Transmission Through Two Media 


Consider an ideal plane boundary between two isotropic 
fluid media. As shown in Fig. 1, the characteristic imped- 
ance of medium 1 is designated as p; c; and the character- 
istic impedance of medium 2 as p2 C2, where p is the density 
of the fluid and c is the velocity of sound in the medium. 
Two boundary conditions exist that must be satisfied at all 
times and at all points on the plane surface separating the 
two media. The first condition is that the acoustic pres- 
sures on the two sides of the boundary be equal, since the 
pressure in a fluid is a continuous, single-valued, scalar 
function. The second condition requires that the combined 
particle velocities normal to both sides of the interface be 
equal, which is equivalent to saying that the two media 
remain in constant contact at the boundary. This condition 
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BOUNDARY 
TRANSMITTED 
REFLECTED 
RC, BC, 
MEDIUM | MEDIUM 2 


INCIDENT 


Fic. 1. Reflection of a sound ray at a plane boundary separating 
two fluid media having different characteristic impedances. 


applies only to the normal component because ideal fluids 
cannot exert shear stresses. 
When a plane progressive sound wave traveling through 
a fluid medium impinges upon the boundary of a second 
fluid medium, part of the sound energy is transmitted across 
the boundary into the second medium and part is reflected 
back into the first medium. Referring to Fig. 1, the inci- 
dent sound ray in medium 1 makes an angle 6, with the 
boundary, and from the law of reflection, the reflected ray 
in medium 1 also makes an angle 6, with the boundary. The 
transmitted ray in medium 2 is refracted according to Snell’s 
law and makes an angle 6. with the boundary. Snell’s law 
in optics is generally expressed in terms of the sine of an 
angle, but in underwater acoustics the law is often expressed 
in terms of cosines of angles, 
cos 6,/cos 62 = C;/Ce (1) 
since the angles which the incident, reflected and transmitted 
waves make with the interface are measured from the bound- 
ary plane rather than the normal to that plane. 
The condition of continuity of pressure at the boundary 
requires that 
Pi + Pr = Pt (2) 
where p is pressure amplitude of the plane wave, and the 
subscripts i, r, and ¢ refer to the incident, reflected, and 
transmitted wave, respectively. At the boundary the phase 
relation between the pressure of the incident and reflected 
waves is either 0° or 180° depending on whether the char- 
acteristic impedance of medium 2 is greater than or less than 
that of medium 1, and the pressure of the transmitted wave 
is always in phase with the pressure of the incident wave, 
regardless of the characteristic impedances of the respective 
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mediums. The condition of continuity of the normal par- 
ticle velocities requires that 


u; sin 6; — u, sin 6, = u; sin Be, (3) 


where wu is the particle velocity of the plane wave. For plane 
waves there exists a relationship between particle velocity 
and pressure given by 


u = p/pc (4) 
and a relationship between pressure and intensity given by 
I = p*/pc. (5) 


Equations (2), (3), (4) and (5) can be combined to give 
the sound reflection coefficient a,, which is the ratio of the 
acoustic energy reflected from the boundary to that incident 
on the boundary: 


a, = 1,/1, = (pz C2 sin 6; — py Cy Sin 62)?/ (6) 
(p1 Cy sin 6. a p2 C2 sin 6;). 


An analytical expression of the ratio /,/7; can also be de- 
rived from equations (2), (3), (4) and (5); however, it 
does not correctly express the ratio of transmitted and inci- 
dent intensities. A correct expression can be found by con- 
sidering the law of conservation of acoustical energy, which 
states that the incident energy must equal the sum of the 
reflected and transmitted energies, assuming incidence on a 
non-dissipative boundary. The sound transmission coeffi- 
cient a; can then be written in terms of the sound reflection 
coefficient as 

a, = 1,/1, = 1-a,, (7) 


and upon substitution of equation (6) into equation (7) as 


(8) 


ar = (4 pi Ci pe Ce Sin 6; sin 62) / 
(p2 C2 Sin 6, + p; C; Sin 42)°. 


Equation (8) can be used to determine the reduction of 
acoustic energy in a sound wave as it crosses the boundary 
between two media having different characteristic imped- 
ances. The magnitudes of J; and /; as found from Eq. (8) 
exist only at infinitesimal distances from the boundary, since 
attenuation and spreading losses in both media tend to vary 
the intensities at real distances from the boundary. 


Variation of a, With Angle of Incidence 


The sound transmission coefficient is a function of the 
characteristic impedances of the two media and the angle of 
incidence, since the angle of refraction can be determined 
from Snell’s law. Several interesting cases arise as the angle 
of incidence is varied. When c; is less than co there is an 
angle of incidence 6, such that the angle of refraction 6 is 
equal to zero. This value of 6, is called the critical angle, 
and from Snell’s law it is found that 


Critical Angle = cos (c,/c2). 


(9) 


If 6, is equal to or greater than the critical angle, then in 
Eq. (8) sin 62 = 0 and a; = 0, which means that all of the 
acoustic energy is reflected from the interface and no sound 
is transmitted. 
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SONIC WINDOW IN THE OCEAN 


When c; is greater than cs, there can be no critical angle 
since ¢;/C2 is greater than unity and the cosine function 
never exceeds unity. However, as 6, approaches zero, the 
condition of grazing incidence results and there is complete 
reflection of the incident energy at the interface, since as 
sin 6, approaches zero, a; approaches zero. 

In Eq. (8), if 

p2 C2 sin 6, = pi Ci sin 62, (10) 


then a, = 1 and there is 100 percent transmission of the in- 
cident acoustic energy. However, a solution to Eq. (10) 
will only exist if the characteristic impedance of medium 1 
is greater than that for medium 2, and the sound velocity 
of medium 2 is greater than that of medium 1. But for most 
substances the larger the characteristic impedance the larger 
the velocity of sound, which means that the equality of Eq. 
(10) cannot be met regardless of the angle of incidence. 
Such is the case for sound transmission from air to water 
or from water to air. 


Sound Transmission Through Three Media 


Consider a plane wave of acoustic energy which passes at 
normal incidence from one medium through a second and 
into a third medium. The characteristic impedances of the 
three media are respectively p; €1, pz C2 and ps C3. 

If the thickness L of the intermediate medium is such that 


L= (2n-1) do/4, (11) 


where A» is the wavelength of the sound in the intermediate 
medium, then it can be shown that the sound transmission 
coefficient is 


ay = [4 pi Cy px Cz (pz C2)*]/ (12) 
(p2 C2 pz C2 + pr C1 ps Ca)”. 


Equation (12) will be equal to unity when 


p2 C2 = (pi C1 pa C3), (13) 


that is, when the characteristic impedance of the intermedi- 
ate medium is the geometric mean of the characteristic im- 
pedances of the other two media. Therefore, it is possible 
to have 100 percent transmission of normally incident sound 
from one medium to another through the use of an inter- 
mediate medium of proper characteristic impedance. How- 
ever, for a given frequency, 100 percent transmission occurs 
only for certain thicknesses of the layer as shown by Eq. 
(11), or conversely, only at the frequencies for which 


f= (2n-1) (c2/4L). (14) 


For oblique incidence sound waves the problem is somewhat 
more complicated, and in general a; will show a series of 
maxima and minima as a function of frequency for a given 
angle of incidence. 


DISCUSSION 


Returning to the question of secure air-sea acoustic com- 
munication, the acoustic energy loss at the air-sea interface 
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can be predicted using the above theory. For air at atmos- 
pheric pressure and 15° C, the density is 0.00122 g/cm’, the 
velocity of sound is 3.43 & 10* cm/sec, and the characteris- 
tic impedance is 42 g/cm* sec. For sea water at atmospheric 
pressure and 15° C, the density is 1.023 g/cm*, the velocity 
of sound is 1.50 * 10° cm/sec, and the characteristic imped- 
ance is 1.53 & 10° g/cm* sec. Substituting these values 
into Eq. (8) and assuming that the angle of incidence 6, = 
90°, then the sound transmission coefficient a, — 0.0011. 
This means that the intensity of a sound wave passing 
through the air-sea interface at normal incidence is reduced 
by a factor of 0.0011, which corresponds approximately to 
a 30 db decrease in intensity level. In this case it makes no 
difference whether the sound wave travels from air to sea 
or from sea to air, but for angles of incidence other than 90°, 
the direction of sound travel is important. 

Consider first sound passing from air to sea. As the angle 
of incidence is decreased, a; decreases which means the in- 
tensity level loss across the interface increases. For 6, = 81° 
the intensity level loss is 31 db, for 6, = 77° the loss is 35 
db, and when @, reaches the critical angle the loss is infinite 
which means that none of the incident sound is transmitted 
into the sea. From Eq. (9) the critical angle is found to be 
76° 47’, hence sound energy from an airborne source enters 
the water over a comparatively small area, depending, of 
course, on the altitude and directivity of the source. For 
secure air-sea communication this latter effect is desirable 
in that it lessens the chance of the communication signal 
being detected by something other than the submarine for 
which the signal is intended. There is no critical angle for 
sound passing from sea to air, so some sound energy is trans- 
mitted across the interface for all angles of incidence except 
those approaching 0°. For example, for 6, = 90° the in- 
tensity level loss is 30 db, and for 6, = 10° the loss is 35 db. 

As shown above, it is theoretically possible to reduce or 
eliminate the transmission loss across the interface through 
the use of an intermediate layer of material having the 
proper characteristic impedance. To have 100 percent 
transmission of normally incident sound across the air-sea 
interface the impedance of the intermediate medium, as de- 
termined from Eq. (13), must be 


pz C2 = [(42) (1.535 & 10°) ]” = 2538 g/cm* sec. 


The material has to remain on the surface of the sea to be 
effective, so its density must be less than that of sea water. 
Therefore the density of the intervening layer must be 1.023 
g/cm* or less and the velocity of sound in the material must 
be 2500 cm/sec or greater. The thickness of the layer de- 
termines the optimum transmission frequency, as shown in 
Eqs. (11) and (14); for example, if the velocity of sound in 
the layer is 2500 cm/sec and the layer is 1 cm thick, 100 
percent transmission occurs only for frequencies centered 
about 625 cps and its higher odd harmonics. In most cases 
an optimum transmission frequency is selected and then the 
thickness of the layer is determined accordingly. 

As is usually the case, putting theory into practice poses 
the major problem. First a material must be obtained which 


(Continued on page 242) 
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A Modern Acoustic Missile Launch Locator, the AN/TNS-5* 


R. M. CARRELL AND R. RICHTER 


Surface Communications Division, Radio Corporation of America, 
Camden, New Jersey 


- The Short Range Missile Launch Locator, AN/TNS-5, is a system which determines the 
azimuth of acoustic signals arriving at a microphone array. By triangulation from the azimuth 
indications from a number of stations, a fix on a mortar, artillery, or missile site is obtained. This 
describes the design of the azimuth ranging equipment. 


INTRODUCTION 


COUSTIC techniques have been used since the first 
world war for the location of mortars and artillery 
emplacements. These acoustic locating systems have under- 
gone a steady evolution in parallel with devices such as 
mortar-locating radars. The acoustic location system has a 
continuing place in modern ground warfare, since it will 
function under atmospheric conditions which will blind radar 
equipment. 

Magnetic recording was first applied to acoustic ranging 
during World War II in a system which employed a drum 
to record the output of a microphone array distributed over 
a distance of many miles. Since the storage capacity of the 
drum was very limited, a forward observer triggered the 
recorder whenever he heard gunfire. This was hard on the 
observers, and some signals were missed. Another disad- 
vantage of the system was that the analysis of the recorded 
signals required a degree of mathematical skill which was 
not readily obtained. 

In the early 1950’s a new technique was developed which 
is based on a number of independent Azimuth Ranging Sta- 
tions reporting azimuth fixes on target signals to a central 
plotting station. The targets are then located by triangula- 
tion (see Fig. 1). The Azimuth Ranging Stations consist 
of a microphone array, a magnetic recorder, an oscilloscope, 
and a computer. The microphone signals are recorded con- 
tinuously, even while previously recorded signals are being 
analyzed. The tape recorder provides means for measuring 
the relative times of arrival of the signals at the microphones 
by visually aligning the signals as seen on the oscilloscope. 
Shaft positions corresponding to time differences between 
the signals from opposite pairs of microphones are fed to 
the computer, which computes the azimuth of the incoming 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


signal. In 1958, RCA began work for United States Army 
Signal Research and Development Laboratories on equip- 
ment for instrumenting this systems concept. The equip- 
ment is designated as Short Range Missile Launch Locator, 
AN/TNS-5. 


AN/TNS-5 REQUIREMENTS 


A brief tabulation of the principal requirements for the 
Azimuth Ranging Stations of the AN/TNS-5 will serve as 
an introduction and background for a discussion of the de- 
sign features which meet these requirements. 

Azimuth Accuracy 


Frequency Range 
Signal Threshold 


+1 angular mil (0.06°) 

1 to 100 cps 

0.01 dyne/cm* (36 db re 
0.0002 dynes/cm’) 

Dynamic Range 60 db 

Absolute Time Accuracy 0.1 sec (long term) 

0.01 sec (short term) 

100 w max at 24 v de 

4 hr (before erasure) 

Aural or Visual 


Power Requirements 
Recording Time 
Monitoring 


In addition to these basic requirements, the system must 
require a minimum of operator skill. The basic configura- 
tion of the system is shown in Fig. 2. 


SYSTEM OPERATION 


The acoustic siguai from a gun or mortar is picked up by 
four condenser microphones located at the corners of a 
square which is usually 300 meters on its diagonal (the array 
may vary from 50 to 600 meters across). 

The microphone signals are recorded on individual tracks 
on a special magnetic tape, which has a photographically 
reproduced clock track on its base side. The clock track is 
optically sensed and the pulses so generated are compared 
with a frequency standard to control the tape speed to 
0.25 ips. The clock on the back of the tape thus becomes 
a highly accurate measure of the absolute time of arrival of 
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A MODERN ACOUSTIC MISSILE LAUNCH LOCATOR, THE AN/TNS-5 


Fic. 1. Field use of a Missile Launch Locator. 


the signals. This time of arrival is used to segregate azi- 
muth readings obtained from different sites during multiple 
firings so that when a triangulation plot is made, all fixes are 
on the same sound source. In addition to the four tracks 
which record the microphone signals, a skew correction track 
is recorded near each edge of the tape. These are used to 
correct the display for tape skew during playback. The 
microphone signals are reproduced by a scanning head which 
rotates continuously at 20 rps. The peripheral velocity is 
40 ips, which transforms the recorded signal frequencies up- 
ward by 160 times to the range from 160 to 16,000 cps. 
During normal operation, the operator monitors the repro- 
duced signals on a high quality headset. When significant 
signals are heard, the operator stops the tape over the scan- 
ning head and then uses the oscilloscope for analysis. 

The oscilloscope displays the four microphone signals on 
separate traces, which can be superimposed. The operator 
has two controls which move the displayed signals in pairs 
until they are coincident. When the alignment is complete, 
the computer calculates the azimuth of the incoming signals, 
plus a correction factor for the velocity of sound. The time 
of arrival of the signals is then read from the back of the 
tape. 
While the tape is stopped over the scanning head for 
analysis the recording function continues, with the newly 
recorded tape forming a loop which is stored in a bin. After 
the analysis is complete, the stored tape is automatically re- 
moved from the bin, scanned for other signals and then re- 
inserted in the bin. The tape is in the form of a continuous 
loop 300 ft long. A four-hour storage capacity is provided. 


MAJOR COMPONENTS 


The following section contains a detailed discussion of the 
design and performance of the major components of the 
AN/TNS-5, highlighting the way in which the performance 
requirement problems were approached. 


Microphones 


The system accuracy tolerance of +1 angular mil requires 
that the time delays in all four record and reproduce chan- 
nels be equal within 100 usec or less. This time is equiva- 
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lent to 0.07 deg at 1 cps, the lower frequency limit of the 
system. The response of the microphones and amplifiers 
must, therefore, be controlled to much lower frequencies, to 
allow for component tolerances. In addition, the threshold 
noise level requirement of 0.01 dyne/cm* requires a sensi- 
tive microphone and low-noise preamplifiers. 

Two microphones were developed for the project. The 
first was a moving coil microphone whose response charac- 
teristic is shown in Fig. 3. A model of this microphone is 
shown in Fig. 4. This microphone has a novel center- 
suspended diaphragm which greatly reduces the tendency of 
the microphone enclosure to contribute acoustic stiffness to 
the moving system. The coil is wound on an aluminum 
form, which contributes a large amount of damping to the 
moving system. This damping is extremely stable. The 
response shown in the curve is accomplished without any 
equalization. 

The condenser microphone performance curve is shown in 
Fig. 5. The microphones have a sensitivity of 40 Mv per 
dyne and the diaphragms are resonated at 1000 cps. The 
microphone is illustrated in Fig. 6. 


Microphone Preamplifiers 


An oscillator-bridge type preamplifier was developed for 
the condenser microphone. The oscillator-bridge approach 
was chosen as the best way to achieve the necessary low 
frequency response and low noise level with a transistorized 
circuit. The circuit of the preamplifier is shown in Fig. 7. 
A crystal oscillator is used to generate a stable, low-noise 
signal for the bridge. The bridge is followed by two stages 
of amplification, a detector, and an emitter follower output 
stage for coupling to the line. 

This preamplifier can be converted into a low-noise dc 
amplifier by the substitution of a variable capacity diode for 
the microphone in the bridge. The equivalent input noise 
of the microphone-preamplifier combination is below 0.01 
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Fic. 2. Basic configuration of AN/TNS-5 system. 
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Fic. 3. Open circuit frequency response characteristic of moving 
coil microphone. 


dyne/cm? with both the condenser and moving coil micro- 
phones. 

The preamplifier is mounted on a printed circuit board 
3 in. in diameter, which fits within the microphone case. 


Record Amplifiers 


In addition to providing the necessary current gain be- 
tween the preamplifiers and the record heads, the record am- 
plifiers incorporate an RC coupled Nuvistor stage for dc 
isolation. The dc drift of the transistor circuits is great 
enough to cause dc biasing of the tape and a consequent 
increase in the reproduced noise level. The very small low 
frequency phase shift allowed requires that any RC coupling 
used must have a time constant of the order of 45 sec to 
allow for component tolerances. A vacuum tube (Nuvistor) 
is used to achieve a 750 kohm input impedance so that the 
coupling capacitor required is of a reasonable size. The 
Nuvistor has very stable characteristics and operates satis- 
factorily from a 20-v plate supply, although the g,, is re- 
duced from its nominal value. It is believed that this is the 
first military application of the Nuvistor. 


Capstan Servo 


The capstan servo is a pulse-sampling servo, similar to 
those used in the RCA Quadruplex video recorders. In es- 
sence, pulses derived from an ultrastable oscillator through 
a gating-type counter chain are compared in time with pulses 
from the optical track. The reference oscillator pulses trig- 
ger a trapezoidal pulse generator which produces pulses with 
a fast-rising, linear leading edge. This voltage is sampled 
by the pulse derived from the optical track. When the sam- 
ple pulse occurs at the mid-point of the trapezoid slope, the 
error signal is zero. When the sampling pulse is early or 
late, a proportional error signal is generated. Since the slope 
of the trapezoid can be made very steep, this type of servo 
is very accurate. Rate-sensitive circuits are possible by 
variations on this approach. 


Capstan Drive 
The capstan is driven through a gear train which is reli- 


able. Gear drives are not common in tape recorders since 
the wow and flutter generated by the teeth are difficult to 
control without using very costly gears. In the AN/TNS-5, 
wow and flutter are not of primary importance, since the 
essential information is time displacement, not spectrum 
content. This minimizes the effect of rapid speed variations 
due to the gear teeth since the integrated time displacement 
is small. 


Scanning Head Cluster 


The recorded microphone signals are reproduced by a 
rotating scanning head cluster which contains six head struc- 
tures. The outer heads (tracks 1 and 6) have two active 
gaps each; the inner heads (tracks 2, 3, 4, 5) have one active 
gap each. All gaps are located in a plane parallel to and 
intersecting the axis of rotation of the cluster. The gaps of 
heads 2 and 4 are located on one side of the cluster, the gaps 
of heads 3 and 5 are located on the other side of the cluster. 
This results in a readout sequence as follows: first half 
revolution, tracks 1, 2, 4, 6 read out; second half revolution, 
tracks 1, 3, 5, 6 read out. Tracks 1 and 6 contain the skew 
correction signals and must be read out on each half revo- 
lution. Tracks 2, 3, 4, 5 contain the microphone signals. 
Since the cluster rotates at 20 rps, each microphone signal 
is read out and displayed on the oscilloscope 10 times per 
second. Placing heads 2 and 4 on the opposite side of the 
cluster from heads 3 and 5 simplifies the cluster design, and 
minimizes the head speed required to obtain the above scan- 
ning rate. The cluster diameter is chosen so that the span 
of tape scanned is equivalent to two seconds of recording 
time; this is necessary to accommodate the largest micro- 
phone array used (600 meters). The peripheral velocity of 
the cluster is 40 ips, which is 160 times greater than the 
tape velocity during the recording. 


Scanning Preamplifiers 


The preamplifiers for the scanning heads are mounted in 
a drum which rotates with the scanning heads. This was 
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Fic. 4. Dynamic microphone engineering model. 
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Fic. 5. Overall frequency response characteristic of condenser micro- 
phone and transistorized oscillator-amplifier. 


done to maintain a 60 db signal-to-noise ratio after the noise 
contributed by the slip rings is added in. The noise figure 
required of the amplifier to meet the above specification 
approaches that of the best-know:: low noise transistor. 

Since the linear velocity of the magnetic tape relative to 
the scanning head is 160 times that of the tape velocity 
relative to the record head, the playback signals are, there- 
fore, transformed from the 1 to 100 cps region to the 160 to 
16,000 cps band. Alternating-current coupled amplifiers 
are, therefore, feasible. 

The scanning head has a rising frequency response of 20 
db per decade over the above frequency range. Thus 40 db 
of RC equalization is needed for the two-decade range. 
Since the equalization network would load the head, equali- 
zation must be added after the first stage. This means the 
first stage will have to handle a dynamic signal range of at 
least 100 db: the 40 db mentioned above, plus 60 db dy- 
namic range. Also, no tuned circuits are permitted in the 
amplifier because of their effect on phase characteristics. 

’ The amplifier developed has 5 transistor stages. A cluster 
of 6 amplifiers is mounted on a drum at the rear of the 
scanning head shaft as shown in Fig. 8. Four are used for 
signal channels and two for skew correction channels. Spe- 
cial cards with a mechanically balanced layout are used to 
minimize unbalance during rotation. 

The amplifier performance is as follows: 

1. It operates from a 100-mh head. 

2. It has 54 db of gain. 

3. It has a signal-to-noise ratio of 68 db referred to a 
0.5 mv input signal when measured in a frequency band 
from 160 cps to 16,000 cps. 

4. The amplifier is compensated to operate between —20°C 
and +71°C. 

5. Rotation and microphonics degrade the signal-to-noise 
ratio by less than 1 db. 


Tape 
A special recording tape was developed for the AN/TNS-5 
by Reeves Soundcraft under subcontract to RCA. This tape 
offered the simplest means for measuring the time of arrival 


ai a 4 Gide 5) et cs ~ 


of the signals at the center of the microphone array. 

When the systems study on the AN/TNS-5 was started, 
it was assumed that the time of arrival would be recorded 
as a time code on the back of the tape, or that a 100 cps 
signal would be recorded on an extra track and the cycles 
counted on playback. Both of these approaches required 
very complex circuitry on playback. 

There was not enough room on the back of the tape for a 
timing code with centisecond resolution; besides that, the 
code had to be read with the tape stationary over the scan- 
ning head. A numerical readout was preferred to other 
schemes which generated a CRO display requiring skilled 
interpretation. 

The cycle-counting approach requires a method of dis- 
criminating between absolute motion of the tape and rela- 
tive motion of the scanning head and the tape. Also, a six 
or seven digit counter was necessary, requiring a large num- 
ber of transistors or tubes along with excessive power re- 
quirements. Further, the counter had to be reversible and 
operate over a wide range of input frequencies (which ruled 
out a mechanical counter). 

It was finally decided to undertake the development of a 
tape with a precise clock track permanently marked on the 
base side, as shown in Fig. 9. This track is optically sensed 
and drives a servo which regulates the tape speed in such a 
manner that precisely ten tenth-second marks come by per 
second. The reference for the servo is a crystal oscillator 
accurate to one centisecond per day. 

Any irregularities in the optical clock track will introduce 
error into the servo and cause irregular speed control, which 
in turn reduces the accuracy of the relative time measure- 
ment. Very rigid specifications on the accuracy of the clock 
track are necessary to maintain the system performance. 

The clock track is specified this way: the distance between 


Fic. 6. Condenser microphone. 
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Fic. 7. Microphone preamplifier schematic. 


the leading edges of any two marks % in. apart must be 
within +.001 in. of the distance between any other marks 
Y, in. apart on any part of the tape. 

Achievement of this accuracy is presently possible only by 
photographic means. The back of the tape is sensitized with 
a diazo dye and then printed from a carefully prepared mas- 
ter. Silver halide sensitization is not suitable because of 
the hygroscopic properties of the emulsion. The tape width 
was set at 0.65 in. so that it is compatible with 16 mil mo- 
tion picture film equipment. The quarter-inch spacing be- 
tween seconds marks is not compatible with motion picture 
standards and required the construction of special equip- 
ment. 

Many unforeseen difficulties were met and overcome in 
the development of this tape. The tape is unique, being the 
first combination of full width magnetic recording with a 
high resolution, optical recording. 


Analyzer 


The microphone signals are analyzed by measuring their 
relative position on the tape. This measurement is made by 
aligning the signal pulses as displayed on the oscilloscope. 
Each signal is displayed on a separate trace, which is trig- 
gered by a pulse from a movable pickup head located in the 
recorder reproducer. 

A schematic representation of the trigger heads is shown 
in Fig. 10. Four trigger heads are positioned by gears along 
the path of a magnetic trigger bar which rotates with the 
scanning cluster. Movement of the trigger heads changes 
the start time of a corresponding oscilloscope trace, and 
thereby the position of the gun signal on the screen. When 
the gun signals are aligned, the relative positions of the 
trigger heads correspond to the relative times of arrival of 
the signals at the microphone array. The time differences 
between the signals of diagonally opposite microphones are 
used to make the azimuth computation. These differences 
are sensed by precision potentiometers which are coupled to 
the movable trigger heads by accurate gear trains. Each 
gear train moves two heads in opposite directions. The po- 
tentiometers are connected to the computer bridge, as dis- 
cussed below. 


R. M. CARRELL AND R. RICHTER 


In order ‘to meet the system accuracy requirements, the 
position of the pulses on the tape must be measured with a 
tolerance of the order of 100 pin. 

Very precise gears, accurate trigger and sweep circuits, 
and electronic skew correction are required to obtain this 
accuracy. 


Oscilloscope 


In addition to displaying the gun signals, the oscilloscope 
package contains a number of other functions and serves as 
a master control for the system. The oscilloscope in an 
azimuth measuring station set-up is shown in Fig. 11. Por- 
tions of the oscilloscope are outlined below. 

(a) Playback Presentation. Visual presentation of the re- 
corded microphone signals is provided by means of a 3-in. 
single gun cathode ray tube. The cathode ray tube, of the 
3WP type, containing a special low power (0.25 w) filament 
design, is used with sequential switching circuitry to provide 
a four-trace display. Each trace represents one signal chan- 
nel. The switching circuits are triggered by two fixed mag- 
netic heads which are arranged to set up the oscilloscope to 
properly display each microphone signal. 

As the reproduce head gap for a particular channel just 
comes in contact with the magnetic tape, the following op- 
erations are performed: (1) the vertical trace position is set 
up; (2) the proper movable trigger head is connected to 
circuitry which initiates the sweep; (3) the correct micro- 
phone channel is connected to the vertical amplifier; (4) the 
correction for the position of the horizontal trace is set up 
in response to the skew correction signal. The above opera- 
tions set up the display on the cathode ray tube so that gun 
signals from the four microphones are displayed on four 
separate traces. 

To facilitate alignment of the signals played back, the 


Fic. 8. Rotating playback preamplifiers in drum. 
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Fic. 9. Printed tape timing track. 


following features have been incorporated into the design 
of the oscilloscope: (1) facilities to superimpose traces 1 
and 3, traces 2 and 4, and traces 1, 2, 3, and 4; (2) indi- 
vidual gain controls for each channel; (3) one master at- 
tenuator for all channels; (4) variable passband by means 
of switchable filters; (5) remote control operation of the 
movable trigger heads. All the basic scope controls are also 
available, such as intensity, focus, and horizontal and verti- 
cal positioning. 

(b) Power Converter. All operating voltages are obtained 
by means of a transistorized converter operating from a 
common 24-v nickel cadmium battery. The battery itself 
has no taps. The highest voltage generated by the converter 
is 1500 v, which is used for the cathode ray tube ultor. 
Power dissipation for the converter is approximately 7 w, 
while the rest of the oscilloscope circuitry dissipates about 
13 w. 

(c) Master Oscillator. Another feature incorporated into 
the oscilloscope package is the ability to maintain synchroni- 


Fic. 10. AN/TNS-5 system schematic diagram. 


Fic. 11. Artist’s conception of AN/TNS-5 Azimuth Measuring Station. 


zation between stations to within a tenth of a second over a 
twenty-four hour period. This is accomplished by means of 
a 1.31072 Mc oscillator with a stability of 1 part in 10° over 
a 24-hour period. The oscillator package is a 3-in. cube 
which contains a proportionally controlled oven and uses 
approximately 6 w of power. The 1.31072 Mc frequency is 
divided down to 10 cps by means of a 17-stage binary 
counter. This 10 cps is then used as the record capstan 
servo reference and as the recording source for the skew 
corrector circuitry. 

(d) Skew Correction. Since tape skew would introduce 
error into the signal alignment and thus destroy the system 
accuracy, electronic skew correction has been incorporated 
into the oscilloscope. This is accomplished by recording 
ten-cps square waves on the outside tracks of the magnetic 
tape. On playback the square waves are compared and any 
changes in their relative phase angles sets up an error voltage 
proportional to the tape skew angle. This error voltage is 
then divided into four voltages, each of which is used to 
correct the horizontal position of one of the traces. The 
reason for the voltage division is that a fixed skew angle 
introduces a different but proportional amount of timing 
error on each channel. 

A skew track frequency of ten cps allows for +1.3° of 
tape skew correction. 


(e) Synchronization and Calibration. Radio or telephone 
facilities are utilized to synchronize stations together. A 
2560 cps carrier obtained from the master station ultrastable 
oscillator is transmitted to all other stations. When a car- 
rier is received, it is beat against the local ultrastable oscil- 
lator 2560 cps frequency to give a Lissajous pattern on the 
cathode ray tube. An adjustment is then made to lock in 
the local oscillator with the received carrier. After all azi- 
muth station oscillators are locked together, the 2560 cps 
carrier is modulated with a single-cycle transient generated 
by means of a switching operation. This transient signal is 
used to remotely start all record drives in synchronism. The 
same signal is then transmitted for simultaneous recording 
at all stations for a time calibration. 

The radio or wire link also automatically provides voice 
communications when not being used for synchronization. 
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Fic. 12. Circuit diagrams of arc tangent bridge of analogue computer. 


Computer 


An analog computer, which is also shown in Fig. 11, is 
used to translate the trigger head positions into two num- 
bers: the azimuth of the incoming signal, and the Survey 
Range Correction Factor (SRC). 

(a) Azimuth Computation. The azimuth is computed 
from the formula @ = arctan (7;.3/7;-4), where @ is the 
azimuth, 7;-; is the time difference between the signals at 
microphones 1 and 3 and T»2., is the time difference between 
the signals at microphones 2 and 4. The arctangent func- 
tion is approximated to within +0.5 angular mil by the 
transfer function tan 6 = (28x —x*)/(180-—8x—-2*). This 
equation is solved by a bridge type computer using only 
linear potentiometers. The bridge circuit is shown in Fig. 
12. R, and Re» are the precision potentiometers coupled to 
the analyzer. During computation, the bridge is brought 
into balance by a servo which drives the 10K potentiome- 
ters. The computer calculates azimuth angles to 90° only; 
switches connected to the trigger heads set up a quadrant 
computation which is then added through a differential to 
the azimuth reading. R, and R, are used for alignment. 
The major advantage of this type of computer is that a wide 
variety of functions can be closely approximated by various 
combinations of linear potentiometers and shunts. Tapped 
and non-linear potentiometers are generally not required. 
In order to realize the accuracy inherent in the approach, 
however, the best potentiometers permitted by the state of 
the art are required. 

(b) Survey Range Correction. The second function com- 
puted is called the Survey Range Correction Factor (SRC) 


and is a factor which expresses the velocity of sound over 
the array as a ratio with respect to a standard velocity of 
sound. The SRC factor is used during initial set-ups in the 
field to estimate the distance to a powder charge exploded 
in the center of an adjacent microphone array. The time 
difference between the acoustic impulse and one transmitted 
over a telephone or radio link is a measure of the distance; 
the velocity of sound must be accurately known when this 
measurement is made. The SRC factor is also used as a 
check during the alignment of pulses on the oscilloscope; if 
the pulses are incorrectly aligned, the SRC factor will differ 
from the average value for the day. 

The SRC factor is given by: SRC= K/[(7,..7+ 
T2.4")*], where SRC is the Survey Range Correction Fac- 
tor, T;-.3; is the time difference between microphones 1 and 3, 
T2.4 is the time difference between microphones 2 and 4, and 
K is a scale factor. 

Tapped potentiometers are used to adapt the bridge to 
different sizes of microphone arrays. 
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Design of a Stereophonic Pickup Cartridge” 


G. A. Morre tt, Jr. 


The Astatic Corporation, Conneaut, Ohio 


This paper discusses the design of a high performance stereophonic pickup cartridge of the type 
using piezoelectric ceramic transducer elements. The discussion covers design factors affecting elec- 
trical performance characteristics, mechanical impedance effective at needle point and electrical 
impedance at output terminals. Results of extensive operating life tests are discussed. 


INTRODUCTION 


. wy purpose of this paper is to discuss the development 


of a high performance stereophonic pickup cartridge of 
the type using piezoelectric ceramic generating elements. 
In recent years there have been remarkable improvements 
in the designs of cartridges of this type, resulting in a high 
order of performance in many of these cartridges on the 
market today. Ceramic cartridges have taken a steadily 
increasing share of the market in high quality factory- 
assembled home phonographs. At the same time they are 
finding increased favor among audiophiles who use high 
fidelity components rather than packaged equipment. 

Notwithstanding these improvements in cartridges, it was 
felt that still further improvements were possible and that a 
market exists for a new type ceramic stereophonic cartridge 
having certain important advantages over existing types. 
The following discussion relates the important phases of the 
development of such a cartridge. 


OBJECTIVES OF DEVELOPMENT 


A careful study was made of the electrical and mechanical 
characteristics of the ceramic stereophonic cartridges on the 
market. This study extended into the area of application of 
cartridges to phonographs, both the high-fidelity-component 
and the packaged types. This study revealed that cartridge 
users would especially welcome increased sensitivity or out- 
put voltage. They would also appreciate lower electrical 
impedance, or higher capacitance. 

The advantages of higher output are obvious to anyone 
who has been concerned with the relationship between am- 
plifier gain and cost, signal to noise ratio, and attenuation in 
connecting cables. The advantages of lower impedance, or 
higher capacitance, are perhaps less obvious. One of the 
limitations of ceramic cartridges has been the necessity for 
a relatively high terminating impedance, 2 to 5 megohms, to 
ensure adequate low frequency response. A vacuum tube 
grid circuit having this order of impedance is quite sensitive 


* Presented October 13, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


to hum and noise pickup. Furthermore, vacuum tube op- 
eration is sometimes unfavorably affected by these values of 
impedance. A cartridge having lower impedance could de- 
liver adequate low frequency response with a lower value of 
terminating resistance, thus alleviating the hum and noise 
and vacuum tube stability problems. 

The mechanical configuration of a cartridge should be 
such that it may be mounted in a majority of tone arms 
currently in use, of both the manual and the automatic rec- 
ord changer types. Needle arrangement should be readily 
replaceable and of a design capable of single or double tip 
versions. 


ELEMENT MOUNTING — 
BLOCK 


CERAMIC GENERATING 


ELEMENT Ze 


\\ Za e 
DE— NEEDLE LEVER 
‘ MOUNTING BLOCK 


“COUPLING YOKE 
“\-NEEDLE LEVER ARM 


NEEDLE TIP 


Fic. 1. Simplified diagram of a cartridge internal assembly. 


CHOICE OF MAJOR DESIGN FEATURES 


Selection of the piezoelectric generating elements was 
made first, since the objectives of high output voltage and 
low electrical impedance somewhat restricted the choice of 
variables here. The material chosen is a lead-zirconium ti- 
tanate type having the best available combination of elec- 
trical and mechanical properties. This material offers a 
high value of useful electromechanical sensitivity and high 
capacitance in a remarkably small package. The length, 
width, and thickness values of the two elements were chosen 
to meet the overall performance and mechanical objectives. 

The next step was to determine the system of mounting 
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Fic. 2. Response and channel separation vs frequency (Westrex 1-A 
test record, 1.0 megohm termination). 


the elements in the cartridge and coupling them to the record 
groove. The coupling system is, of course, the most critical 
part of a cartridge, since it has a major influence on elec- 
trical performance and also on the mechanical impedance 
seen at the needle point by the record groove. For purposes 
of this discussion, the coupling system is regarded as the 
portion of the cartridge that lies between the needle tip and 
the generating elements. 

Figure 1 shows the basic arrangement of the coupling sys- 
tem of the cartridge. The details of the coupling yoke were 
established through a two-step process. In the first step, 
a series of large scale mock-ups was constructed to facilitate 
study of the effects of various details on coupling, in both 
“wanted” and “unwanted” modes. Coupling in the “wanted” 
mode is important with respect to performance in the 
“wanted” channel. Coupling in the “unwanted” mode is 
kept as small as possible, to ensure good channel separation. 

In the second step, working models were made of several 
promising yoke designs. These models were then evaluated 
through performance tests in cartridges. Comparison of the 
performance data with our objectives was the principal basis 
for choosing final yoke design. The yoke is made of injec- 
tion molded plastic. 
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Fic. 3. Response and channel separation vs frequency (RIAA re- 
cording characteristic, 1.0 megohm termination). 


Design of the needle assembly is apparent from a study 
of Fig. 1. The needle lever arm is made of thin-walled alu- 
minum alloy tubing, heat-treated for optimal physical prop- 
erties. The needle tip is mounted in the flattened end of the 
tubing at an angle to ensure that the rake angle of the tip 
on the record will be as close as possible to zero, or slightly 
“positive.” The other end of the needle lever arm is sup- 
ported in a mounting block of resilient material. 

It will be noted that the coupling yoke is connected to the 
needle lever arm at a point about mid-way of its length. 
This point is considered optimal for two major reasons: first, 
it affords the desired electrical performance characteristics; 
second, it reduces substantially the magnitude of the me- 
chanical impedance of the yoke and generating element 
assembly effective at the needle tip. 

Certain other design details are worthy of mention. Four 
terminals are provided, two for each channel. This ensures 
complete electrical isolation of channels, if required. Four 
terminals also permit connecting the cartridge channels in 
either of the two commonly used channel phase relationships. 

Viscous damping of the generating elements is used to 
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Fic. 4. Response and channel separation vs frequency (Westrex 1-A 
test record with network shown). 


control the frequency response characteristics. A spring 
metal cartridge mounting clip is provided for installation in 
the tone arm, affording easy cartridge placement or removal. 


PERFORMANCE DATA 


Before presenting performance data, we wish to emphasize 
the importance of correct procedure in making measurements 
of frequency response and channel separation, especially at 
high frequencies, on the stereo test records most widely used 
at this time. The signals on these records are recorded at 
relatively low stylus velocity, usually about 5 cm/sec or 
less, at all frequencies. This means that the amplitude of 
these signals increases as frequency decreases, at a rate of 
6 db per octave. The cartridge under discussion is of the 
so-called constant amplitude type. Therefore, if we were to 
plot the output voltage versus frequency characteristic of 
this cartridge on a constant velocity test record, assuming 
the use of the relatively high value of terminating resistance 
generally used with cartridges of this type, we would find 
the plot a fairly straight line, rising toward the low frequency 
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Fic. 5. Astatic model 45D. 


end at a slope of about 6 db per octave. 

Because of this sloping characteristic, low frequency dis- 
turbances, such as turntable rumble, record surface noise, 
etc., produce output voltages approaching or exceeding the 
voltages produced by the high frequency signals of the test 
record. This is especially true of high frequency cross-talk 
signals. Observation of cartridge output on a cathode ray 
oscilloscope is advisable during cartridge measurements as 
a means of monitoring this condition. 

The remedy for this condition is the use of a band-pass 
filter, preferably of the sharp cut-off type. The low cut-off 
frequency should be 200 cps and the high cut-off frequency 
20 kc. The Krohn-Hite model 310-AB Variable Band Pass 
Filter meets these requirements very nicely, and was used in 
our tests. This filter is interposed between cartridge and 
vacuum tube voltmeter when making readings at frequencies 
of 1 ke or higher. 

In lieu of using a high-pass filter, the load resistance value 
may be reduced. This has the effect of attenuating low fre- 
quency response of the cartridge, thereby improving signal- 
to-noise ratio. By judicious choice of load resistance values, 
low frequency disturbances can be held at a reasonable mini- 
mum without seriously affecting output of the signal being 
measured. The following values of resistance have been 
found to be suitable: 0.5 megohm from 3000 cps through 
5000 cps, 0.1 megohm from 6000 cps through 15,000 cps. 

Figure 2 is a presentation of response and channel sepa- 
ration versus frequency characteristics for our cartridge, 
made with the high-pass filter technique described above, 
and using the Westrex 1-A constant velocity test record. 
Output voltage at 1 kc is 0.4 v. Channel separation at most 
of the frequencies below 1 kc is not presented because it is 
too high to be measured accurately with this record. The 
values shown in the broken line area are estimated. 

Figure 3 shows frequency response on RIAA recording 
characteristic. This curve is derived by adjusting the curves 
of Fig. 1 for the RIAA velocity characteristic. Left and right 
channel curves are averaged to simplify the presentation. 
Compliance of the cartridge, measured by the resonant fre- 
quency method, is 3.0 « 10° cm/dyne. This figure was 


obtained when the effective mass of the compliance measur- 
ing system was 13.5 gr. Some cartridge designers use an 
effective mass of about 20 gr. for compliance measurements; 
using this value, our measured compliance would still be 
3.0 * 10° cm/dyne. This cartridge has successfully passed 
severe tests to determine its ability to withstand rough han- 
dling or abuse. Operating life tests of these cartridges in 
coin phonograph equipment and automatic record changers 
of various types, totaling about 1000 hours at this writing, 
produced no failures except worn-out needles. 

The cartridge described here may be used in place of mag- 
netic or constant velocity type cartridges by connecting it 
to the magnetic cartridge input circuit of the amplifier 
through a pair of suitable electrical networks. Figure 4 
shows a schematic circuit diagram for such a network. Also 
shown is the frequency response characteristic obtained with 
this network when using the Westrex 1-A test record. This 
curve is substantially equivalent to that of a good quality 
magnetic cartridge. Use of this network is likely to provide 
better frequency response than will be obtained if the car- 
tridge is connected to the ceramic or crystal input of the 
amplifier. Many high fidelity amplifiers have incorrect in- 
put impedances for ceramic cartridges, the most common 
is a value too low for adequate low frequency response. 

The pickup, with the electrical network shown, delivers 
approximately 10 mv to the amplifier magnetic input circuit 
at a record signal velocity of 5 cm/sec. This is sufficient to 
minimize hum and noise originating in the amplifier circuit, 
yet sufficiently low to avoid overloading of the input circuit. 
This cartridge is, of course, insensitive to magnetic hum 
fields from turntable motors, power transformers,and the like. 

Figure 5 shows a photograph of Astatic model 45D. 
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The Use of Polyester Films in Microphone Designs” 
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Altec Lansing Corporation, Anaheim, California 


Wider frequency response, extreme ruggedness and protection against foreign matter together 
with lessened physical size are made possible through the use of polyester film in microphone design. 


INTRODUCTION 


i p= quest for perfection has caused engineers and design- 
ers to continually search for new materials and improved 
techniques in microphone design. The audio amplifier has 
long since reached a degree of perfection where practically 
nothing can be done to improve upon the response charac- 
teristics. However, the microphone, which is a generator of 
all transmitted sounds, has not been as fortunate. Through 
the medium of many improvements the evolution of the 
microphone has been from a crude carbon transducer to the 
near perfection of present day designs. 

Among the most significant changes that have occurred in 
recent years is the application of polyester films for micro- 
phone diaphragms. Engineers and designers have long 
sought a diaphragm material light in weight and of low 
specific gravity to permit diaphragms of greater thickness 
without upsetting the relation of masses between the dia- 
phragm and its voice coil. 

Polyester film has proven the answer to these needs. It 
has a distinct advantage when formed in an intricate shape 
to retain that shape even though subjected to quite drastic 
momentary deformations. When, for example, diaphragms 
made of polyester film are subjected to a momentary blast, 
deformation occurs but the material springs back to its 
original shape. An aluminum diaphragm, by contrast, would 
be permanently deformed when subjected to like conditions 
and would have to be replaced. The specific gravity of 
polyester film is approximately 1.3 while that of aluminum 
is 2.7; thus it can readily be seen that a polyester film dia- 
phragm can be made considerably thicker and still retain 
the same relation of mass between the microphone dia- 
phragm and the microphone voice coil. 

Many avenues of approach had to be thoroughly examined 
in the adaptation of these films to microphone diaphragm 
design. For instance, the plastic diaphragm had to be formed 
under extreme pressure and at high temperature. 


* Presented at 1960 Fall Convention of the Audio Engineering 
Society in New York and at 1961 Spring Convention in Los Angeles. 


For testing purposes, polyester diaphragms were subjected 
to temperature variations from —40°F to +-170°F over long 
periods of time, without impairment to the material itself 
or to the configuration of the finished molded part. The 
diaphragms were subjected to extreme deformations such as 
being flattened by the palm of the hand against the support- 
ing structure, and upon release returned to their original 
shape and functioned properly. Polyester films subjected 
to all commonly encountered chemical fumes were found to 
be unaffected and retained all their good qualities. 

Aluminum diaphragms have proved excellent for all types 
of microphones, but being subjected to easy damage by 
mechanical crushing they have made microphones extremely 
delicate instruments. Plastic films, however, being definitely 
not fragile in this application, have made it possible to con- 
struct microphones of highest quality, yet of extreme rugged- 
ness. Through the medium of polyester films microphones 
of finest quality have reached the point of being almost 
indestructible. 


DESIGN CRITERIA 


Many tests and experiments were of necessity conducted 
to establish design criteria. Two general categories of mi- 
crophones were involved—the cardioid and the omnidirec- 
tional. 

A cardioid dynamic pressure unit is considerably more 
complex than the omnidirectional type and was considered 
separately. 


OMNIDIRECTIONAL DESIGN 


The first unit to be described is the omnidirectional micro- 
phone. The diaphragm diameter was selected to be 7% in. 
and the thickness .0015 in. This choice provides a happy 
compromise in the microphone between bulk and good low 
frequency response. If the diaphragm diameter is made too 
small, its compliance becomes lower, raising its natural reso- 
nance. It is, of course, true that compliance can be made 
higher by the use of thinner diaphragm materials; but if 
materials are too thin, they are extremely difficult to mold 
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THE USE OF POLYESTER FILMS IN MICROPHONE DESIGNS 


and will not retain their shape well. Similarly, miniaturiza- 
tion of the voice coil lowers the sensitivity of the unit be- 
cause large flux densities cannot be maintained in common 
iron alloys without saturation. With this in mind, a dia- 
phragm mold was constructed having a configuration which 
was previously computed for best possible response and a 
low natural resonance. By providing high-compliance hinge 
points in the diaphragm configuration which work together 
with the total mass of this structure, a reasonance of 350 
cps was achieved. This is mathematically shown below: 
fe = K[1/(MaCn)”] 

where f, is the natural resonance, K is a constant, M,, is the 
mechanical inductance and C,,, is the mechanical capacitance. 
This is shown in Fig. 1. The compliance section, a, was 
designed to be tangential, having two hinge points, b and c, 
for high compliance action. To avoid special machining in 
the pole plate, a spacer step, d, was incorporated which ter- 
minates into a cementing seat, e. By selecting an optimum 
sphere radius for adequate stiffness, the dome section, f, was 
computed for best possible high frequency response. 


Cc 


Fic. 1. Drawing of the omnidirectional diaphragm and voice coil 
assembly. 


Fic. 2. Complete omnidirectional microphone unit without its housing. 


The dome section is the controlling element for frequen- 
cies above approximately 5,000 cps. However, the dome 
alone does not do the job; it merely provides a section that 
is non-compliant. The actual correction in the high fre- 
quency region is accomplished by providing a pole piece 
structure that will fit within the dome and entrap a sufficient 
amount of air so that the stiffness of the air, which is an 
acoustical capacitance, will resonate together with the mass 
of the moving system at a point above the audio spectrum. 
Because of the acoustical resistance formed by the gap be- 
tween the pole piece and the voice coil, however, this reso- 
nance is broad and nullifies the deficiences of the primary 
resonant system. 

Due to the importance of having a rigid connection be- 
tween the voice coil, h, and the diaphragm, a voice coil seat, 
g, has been provided as shown in Fig. 1. This groove not 
only positions the voice coil in reference to the dome section 
but also provides an overlapping joint so that when cement 
is applied between the two parts, the adhesive forms a thin 
layer at the point of contact. Because of the overlapping 
junction, the stresses in the cement are in shear. 


Diaphragm Molding 


The molding of the diaphragm is accomplished by heating 
a metal die to a temperature that is close to the melting point 
of the polyester film. When this temperature is reached the 
plastic film is laid on top of the mold and compressed against 
the mold configuration by means of a rubber pad. A high 
pressure is exerted on the film while it is hot to insure that 
all details of the mold will be reproduced on the finished dia- 
phragm. While still being compressed, the die is cooled to 
room temperature; then the pressure is released and the 
finished diaphragm removed from the die. Since the tem- 
perature used is very close to the melting point of polyester 
film, a molecular formation change occurs which insures 
great dimensional stability. 

Many research hours were spent in determining the exact 
point on the temperature scale at which best and most stable 


| 

ee 219 ee | 
3 a 
a 
) | 
a . he | 
si. ee es i : ok +3 ba Si /p “| al 

> pee fey Bei 
Ee iia ’ aa 
? ess Py : | 
: aie? A ; ; | Bg | 

- * 7 q rf 4 a 

; * , P 
| = 

Ee 

ee SS 
ed , a 
ae a 
elf a 
. 3 a 
rt- F SS 
nal Bes). 
ied op x 
= 2 
A ‘ad 
ely 4 E 
ely . 
on- ie 
= ~ ‘inadlilalibitiiieti a 
ost —__—_ t 3 
ped 9 ST i 
"i —Y SN 7 es 
rec —— Ny) \ be 
ore lz j \ ' \\ '. | 
me LA Y) - 
cr \ (} \ EF a 
. in. S ee ee 
\ | : my / x 
PPy 2S —— i 
low \\ INS = 
- too - S Sai OS x - 
"eSo- a : 
rade p<. 
it if Fi : 
|) i = 
: 

7 


220 ALEXIS BADMAIEFF 


ie 
—_ | eo : 


Fic. 3. Cross-sectional drawing of the omnidirectional unit. 


formation occurs. On this occasion it was found that the 
length of time allowed for heating and cooling was also im- 
portant. For example, if the temperature is too high, the 
diaphragm will be well-formed but will have holes on its 
surface due to shrinkage of the polyester film. However, 
when the heating time is kept short in duration shrinkage 
does not occur, permitting the use of high temperatures. 
During the cooling cycle it was found necessary to decrease 
the temperature at a rather slow rate to permit equalization 
of stresses. The final determination of the temperature 
change between heating and cooling allows the production 


p Leomms. 
+10 Pg =. 
¢ ie Oe a hae 
O° Ag 
y 
y 

—-10 

40 50 100 200 500 «K 2« SK 1oK 20K 


Fic. 4. The on-axis response of the omnidirectional microphone. 
Solid curve represents the compensated response ; dotted line represents 
the uncompensated, undamped response. 


of stable diaphragms on an automatic molding machine ad- 
justed to produce one in a complete time cycle of 60 seconds. 

The voice coil is part of the mass involved in the dia- 
phragm voice coil assembly; in fact, it is the controlling 
mass. Therefore, to achieve good high frequency response 
and in accordance with the above-mentioned formula, it is 
obvious that the material used in the voice coil must be of 
minimum mass. For this reason, aluminum wire was chosen. 
Aluminum has the best mass-to-conductance relation. In 
comparison with copper, which has a specific gravity of 8.89, 
aluminum’s specific gravity is only 2.7. The resistivity, 
however, is 1.64 times that of copper. The products, there- 
fore, are 8.89 for copper and 4.45 for aluminum, so it can 
readily be seen that aluminum has an advantage over copper 
with regard to good response and high sensitivity, even 
though aluminum is not as good a conductor as copper. For 


production simplicity, a round wire was chosen. To provide 
a rugged voice coil, the wire size selected was 39 gauge; it 
was wound to a total of 46 turns in two layers to achieve 
an impedance of approximately 8 ohms. Since rigidity again 
was of importance, a hard-setting cement was used to bind 
together the turns and layers so that the structure produced 
would be rigid and self-supporting. 

During assembly, the voice coil was carefully fitted into 
the voice coil seat, g in Fig. 1, and cemented with a hard- 
drying adhesive. The photograph of the complete voice coil 
and diaphragm assembly mounted in its magnetic structure 
is shown in Fig. 2. It was designed to contain the best 
quality components to produce a microphone that could be 
used for the most critical applications such as recording, 
broadcasting and instrumentation. This design was aimed 
at large-scale production of units, and steps were taken to 
incorporate reliability in performance and in manufacture 
and at the same time to produce a unit that would not be 
prohibitive in cost. The magnetic structure shown in the 
drawing of Fig. 3, with diaphragm and voice coil assembly 
cemented in place, consists of the following parts: pole plate, 
a; magnetic return yoke, b; Alnico V slug, c; pole piece, d, 
with a threaded portion, e. Over this threaded portion, an 
adjusting ring, f, is placed which compresses a felt ring, g, 
restricting the air flow leading to the bottom side of the 
diaphragm, h, through the gap of the structure where the 
voice coil, i, is located. When the unit was thus assembled, 
the free air resonance of the diaphragm voice coil assembly, 
as earlier calculated, was 350 cps. Ring f was then adjusted 
to produce an acoustical resistance in the felt ring, g, that 
would damp the resonance sufficiently to achieve a flat 
acoustical response. The shape of the pole piece, d, was 
chosen so as to produce a sufficiently low acoustical capaci- 
tance in the space between the diaphragm and the dome of 
the pole piece to result in a high frequency response extend- 
ing to 20,000 cps. When this structure was placed in a 
vented housing and the vent adjusted to resonate at 50 cps, 
an exceptionally good frequency response was achieved. 

The curve of this response is shown in Fig. 4, which rep- 
resents the zero degree axis incidence. The dotted portion 
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Fic. 5. Omnidirectional microphone complete with housing and holder. 
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Fic. 6. Cross-sectional drawing of the omnidirectional microphone. 


of the curve represents the undamped, uncompensated re- 
sponse of the same structure. The sensitivity of the new 
microphone was set and tested at —55 dbm/10 dynes/cm’, 
which is slightly higher than the average dynamic micro- 
phone. Because of its small size the diffraction interference 
was extremely low, as is evident in the extreme high fre- 
quency region of the curve. To avoid standing waves within 
the housing, the interior cavity was partially filled with 
lambs’ wool which acts as an effective sound absorber due 
to its high acoustical resistance. 


Output Circuits 


Since the voice coil impedance was chosen to be 8 ohms to 
facilitate winding techniques and voice coil size, a trans- 
former was designed to raise the impedance to a higher 
value. Here again great care was exercised in selecting the 
many components that comprise a complete acoustical unit. 
A low cost, light weight transformer would have proven de- 
sirable in many ways, but the wish for perfection in end 
results dictated a transformer wound to extreme tolerances, 
of small! size, with high permeability iron and low insertion 
loss. The secondary of this transformer has a choice of the 
three EIA standard values of 30/50, 150/250 and 20,000 
ohms. It was then decided that if a 5-pin microphone cable 
connector were used, the end user could choose these im- 
pedances by merely appropriately connecting the cable plug 
to the pins of his choice. 

A microphone of any type or design is an instrument that 
unfortunately has always been subjected to abnormally hard 


handling and usage. It is generally necessary for the user to 
make impedance selections within the framework of the in- 
strument itself, in so doing risking damage to the unit. With 
the 5-pin connector for impedance selection, the technician 
is at no time required to disassemble the microphone and in 
so doing subject it to possible damage. 

The housings for the several models were designed to have 
adequate cavity to produce good bass response and yet to 
be small enough for esthetic appeal. To produce a reso- 
nance within this cavity to compensate in the bass region, 
a vent in the form of a tube was devised. From the relation 
f. = K{1/V (LC)| it was found that the tube length should 
be 5% in. to produce a resonance at 50 cps. The complete 
omnidirectional microphone is shown in the photograph in 
Fig. 5, and cross-sectional construction details in Fig. 6, in 
which (a) is the microphone cartridge, (b) is the case cavity, 
(c) is the resonator tube, (d) is the transformer and (e) is 
the 5-pin connector. The final assembly of the front protec- 
tive screen and case present a total length of only 7 in., to 
which another 1% in. is added for the cable plug. The re- 
sultant total length indicates a unit of attractively slim pro- 
file yet sufficiently large to be comfortably hand held. 

Another version of a specialized housing is the lavalier. 
The lavalier was designed to be of minimum size and weight 
so that when worn around the neck it would be so unobtru- 
sive as to be virtually invisible, while at the same time per- 
mitting natural movement of the person wearing it. Because 
of accentuated chest sounds, the lavalier must be compen- 
sated to fall off in the bass region so that the resulting re- 


Fic. 7. Photograph of the lavalier microphone with its lavalier 
attachment. 
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sponse is fiat. Due to this, the lavalier microphone needs 
neither a resonating bass boosting tube nor a large cavity 
behind the diaphragm. 

The lavalier microphone also has a transformer to raise 
the original 8-ohm impedance of the cartridge to a choice 
of two impedances, namely 30/50 and 150/250 ohms. Be- 
cause of the importance of light weight, the plug has been 
omitted. A thin three-conductor shielded flexible cable ter- 
minating in a 3-pin plug is passed through a strain relief 
gland, which also seals. the rear cavity from the outside 
atmosphere. The choice of two impedances can be achieved 
by connecting the proper wires of the cable to the pins of 
the terminating plug. The lavalier structure is shown in 
the photograph in Fig. 7 and in cross-sectional diagram im 
Fig. 8, in which (a) is the microphone cartridge, (b) is the 
cavity, (c) is the transformer, (d) is the gland and (e) is 
the terminating connector. 


CARDIOID DESIGN 


A cardioid dynamic pressure unit is vastly more complex 
to design than an omnidirectional one. Not only is a flat 
frontal response required but rear discrimination must also 
be held to a high value throughout most of the usable acous- 
tical range. For this reason, the cardioid microphone must 
possess more than one sound entrance. It must have rear 
entrances plus acoustical phase shifting networks. The 
cardioid structure designed by us utilizes in part the unidyne 
principle in which cancellation or discrimination takes place 
down to the resonant point of the diaphragm voice coil as- 
sembly. This point was chosen to be 120 cps, a point in 
the audible spectrum low enough in frequency to cover a 
large portion of the spectrum, yet sufficiently high to be less 
responsive to air blasts and shock: Below this point, another 
sound entrance is established to act as a bass boosting vent 
as well as a bass discriminatory element to function in the 
region of 30 to 120 cps. Since the cardioid microphone re- 


Fic. 8. Cross-sectional drawing of the lavalier microphone. 
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Fic. 9. Cross-sectional drawing of the cardioid microphone. 


quires a housing to operate, it shall be treated as a completed 
microphone assembly. 

Figure 9 uses a schematic diagram to illustrate the various 
sound entrances essential to the performance of such a unit. 
The cardioid pressure unit consists of the diaphragm and 
voice coil assembly, (a); pole plate, (b); magnet, (c); 
magnetic return, (d); high frequency entrance, (e); low 
frequency entrance, (f), which terminates at the sound pres- 
sure mixing chamber, (g); acoustical resistance, (h); an 
anti-resonant barrier, (i); cavity communicating tube, (j); 
main cavity, (k) and housing, (1). The diaphragm voice 
coil assembly which is the heart of the structure is best de- 
scribed by showing it in a separate drawing, Fig. 10. To 
achieve unidyne action the device must be mass controlled, 
which dictates a low resonance point to encompass as large 
a part of the acoustical spectrum as possible. If the reso- 
nance, however, is chosen too low, the structure will be too 
sensitive to shock excitation and air currents. The chosen 
resonance, 120 cps, represents a compromise between these 
two factors. Since the mass of the voice coil and diaphragm 
assembly controls the sensitivity of the microphone, reducing 
the resonance can best be accomplished by increasing the 
compliance. This is why the cardioid diaphragm configura- 
tion contains a long compliance section (a in Fig. 10). The 


a 


- 2 4 
Fic. 10. Drawing of the cardicid microphone diaphragm and voice 


coil assembly showing the long compliance sections necessary for its 
low resonance. 
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Fic. 11. Schematic and cross-sectional view of the cardioid micro- 
phone and its electrical analogue. 


P1 is the frontal sound pressure. R1, L1, C1 are the radiation, re- 
sistance, mass and compliance of the diaphragm. C3 is the housing 
cavity. R2 and L2 are the communicating entrance between the dia- 
phragm mixing chamber and the housing cavity. C2 is the acoustical 
capacitance underneath the diaphragm. L3 and R3 are the acoustical 
inductance and resistance of the voice coil gap and silk over the high 
frequency port entrances, P2. L4, R4 and C4 are the lumped induct- 
ance, resistance and capacitance of the low frequency port entrance, P3. 


remaining parts of the structure are very similar to those in 
the omnidirectional design. Due to this fact, the diameter 
of the diaphragm is considerably larger and in our case 
measures 1.2 in. Going back to Fig. 9, the zero incidence 
sound actuates the front of the diaphragm. At the same 
time, however, after some delay due to a longer path, the 
sound enters the high frequency entrance, (e). It is further 
delayed by passage through the silk layer, (h), and its pas- 
sage through the voice coil gap which represents an acousti- 
cal inductive component. When it strikes the rear of the 
diaphragm, it is in a different phase relationship as referred 
to the front sound pressure. To boost the bass response 
below 120 cps, another entrance is established at (f), which 
is considerably further away from the rear of the diaphragm 
than point (e). The sound entering (f) is led through a 
tube into the mixing chamber of the diaphragm at (g). This 
tube has two functions; the first is to provide a remote 
pickup point and also to act as an inductive component to 
resonate with the main cavity, (k). Now, let us consider 
the action of this microphone when the sound comes from 
the rear. Above 120 cps sound first enters the high fre- 
quency entrance, (e), where it is delayed as previously ex- 
plained. It also travels a longer distance until it finally 


actuates the front of the diaphragm. Because of delay on 
the way to the mixing chamber, (g), both sound pressures 
strike the two sides of the diaphragm at the same instant 
and thus cancel each other. Below 120 cps a similar condi- 
tion exists; but in this case sound also enters the low fre- 
quency entrance, (f), where it is delayed and eventually 
cancelled as in the case of the high frequency entrances. 
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The resultant pickup pattern is in the form of a cardioid 
throughout the usable audio spectrum. The analog of this 
microphone is shown in Fig. 11, which is self-explanatory. 
Figure 12 illustrates a cardioid microphone unit without its 
housing and shows the various sound entrances described 
in Fig. 11. 


Frequency Response Adjustment 


The adjustment of the cardioid microphone for best 
front-to-back discrimination is accomplished by means of 
adding varying amounts of acoustical resistance in the high 
frequency ports and the remote bass pickup point. Covering 
the high frequency ports with one, two or three layers of 
dense silk material makes it possible to find a null point for 
the sound coming from the rear. This adjustment affects 
the range between approximately 300 and 5,000 cps. The 
range below 300 cps can be adjusted by inserting lambs’ 
wool of the right length and density into the bass tube to 
provide best discrimination in the bass region. The dis- 
crimination above 5,000 cps is fixed and is a function of the 
baffle effect due to the configuration of the microphone struc- 
ture. When all parameters are correctly adjusted the re- 
sultant response is as shown in Fig. 12, which shows the 
front response labelled 0° and the back response labelled 
180°. It will be noted that on the frontal response a dotted 
hump appears, centering at 3,000 cps. This hump in the 
frequency response is due to the resonance of the long com- 
pliance section necessary to achieve a low natural resonance 
of the diaphragm and voice coil assembly. Since it is diffi- 
cult to correct this acoustically, it was decided to nullify the 
hump by the use of an LC electrical network across the voice 
coil terminals. This circuit consists simply of a choke and 
a condenser connected in series, with a resistor to control 
the Q of the network. When this adjustment is made the 
resultant frontal response appears as the solid curve in 
Fig. 13. 

At the output terminals of the voice coil and shunted with 
its network, an impedance matching transformer is used to 
provide three normally used impedances, as in the case of 
the omnidirectional microphone. The output, again, is ter- 


Fic. 12. Complete cardicid microphone unit without its housing. 
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Fic. 13. Front and rear response of the cardioid microphone when 
properly adjusted for good discrimination. 


minated by a 5-pin connector whereby a choice of the above 
mentioned impedances can be wired into the plug at the end 
of the cable. The photograph of the finished cardioid micro- 
phone with its holder is shown in Fig. 14. 


PROTECTION AGAINST FOREIGN PARTICLES 


One of the most distinctive features of these new micro- 
phones is the use of sintered metals placed in front of the 
diaphragm to provide protection against any foreign parti- 
cles such as ferrous filings, dust and water. The specialized 
sintered material used is made of minute bronze spheres that 
are tacked together under pressure to form a plate, in this 
instance 1/16 in. thick. We have for many years used this 
sintered bronze for microphone protection, and from con- 
tinuing experiments on this and other materials have become 
convinced that at the present state of the art no other pro- 
tective means against damaging foreign matter even closely 
approximates the sintered bronze filter in its protective as 
well as acoustic qualities. In this material porosity can be 
rigidly controlled by choosing the correct size of the spheres 
that make up the plate. Since such a material is also an 
acoustical resistance having a fair amount of acoustical in- 
ductance, it was necessary to raise the high frequency re- 
sponse of the described microphones beyond 10,000 cps. 
For this reason, a small acoustical resonator cap was pro- 
vided in front of the diaphragm dome to add an additional 
acoustical capacitance, which together with the diaphragm 
mass would resonate beyond 20,000 cps. Since the sintered 
bronze filter lowers the response in that region while the 
resonator cap boosts it, the net result is fiat. In the cross- 
sectional drawings of the three microphone types, the reso- 
nator is labeled R and the filter is labeled S. 

In addition to the sintered screen filter, a mechanical pro- 
tective rosette was also added to protect the front of the 
microphone against hazards of careless handling by the user. 


MEASUREMENTS 


The measurements made throughout this development pro- 
gram were carried out in an anechoic chamber. The anechoic 
chamber is a room having negligible echos or reflections, and 
practically duplicates the conditions that would exist if the 
measurements were carried out at a point in space. It is an 
indispensable tool in acoustical research and development 
work. Such a room, when equipped with an accurately con- 
trolled loudspeaker as a sound source and with electronic 
measuring gear having a servo-driven pen to chart response 
curves, is an instrument that has a high degree of accuracy 


ALEXIS BADMAIEFF 


Fic. 14. Cardioid microphone with its housing and holder. 


and convenience. The Altec Lansing anechoic chamber, ex- 
ternally 20 ft * 18 ft & 16 ft, has 4-ft wedges along all six 
inner surfaces and a 12 ft * 10 ft * 8 ft working space. 
The design of the fiberglass wedges insures less than one 
per cent energy reflection above 70 cps, although the use 
of calibrated microphones allows measurements to much 
lower frequencies. The double walls are of heavy construc- 
tion and are designed to provide large attenuation of air- 
borne sound. The chamber is supported on blocks of a 
neoprene-and-steel laminate providing low transmission of 
ground vibration; when the utmost isolation is required, in- 
flated rubber pads are provided to support the structure. 
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Broadcasting Closed Circuit and Via Public Transmission 
Channels Through Master Control Facilities in the 
Loeb Student Center, New York University” 
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New York University, New York, New York 


A Communications Center to provide facilities for inter-university and to-the-public program- 
ming has been set up in one central control center in the Loeb Student Center, New York University. 
Broadcasting, public address systems and music appreciation facilities, including library and broad- 


) casting instruments, are provided. Details of this communications control concept and its equip- 
eXx- ment are described. 
six 
ce. 
ne 
- INTRODUCTION gram line is visually monitored by a vu meter and may be 
uc- | HE Loeb Student Center of New York University is a aurally monitored by a switchable monitor. A patch-bay 
. pi et ¥ : facility of six rows of double jacks (total of 72 circuits) is 
1ir- five-million-dollar building devoted exclusively to the ‘ded in which 2 ible to all i eit inate 
ia extracurricular activities of the student body at the Wash- a oe ee ee ee ee eee 
of ington Square campus. As such, it represents the living in the system. In addition to this, a patch point is provided 
; Sy ei ia i ae on each program line to permit the simultaneous feeding of 
in- room of the University and serves it in providing the place : a : - 
for many major functions and conferences. It was, there- the eit line, of & ratio Tne, and of a secsemng ine. 
fore, desirable that the Center should have public address price ng ren pees: pon re ee peng ‘ a ar 
facilities in all major areas. A second requirement was that enrny mn 6 patra fe oe rs “ iy ‘ 5 Ag 
has the Center should provide a facility for music listening and = mene argent der caren: Spaced ssl enn. 4 
ool appreciation and finally, it was desired to be able to origi- tion strips identify the circuits in the conventional manner. 
ly- nate programs from its public areas in such a manner as to - = povewehy “pe _ bee _. a — ee bear 
ice. be compatible with standards of the broadcasting industry é- : — carob eabrancneren teins cc sh cane 
and to provide facilities to feed stations via AT&T lines, * "ank of eight turntables and three equipment racks (shown 
To install equipment in all the various areas to provide for in Pig. 5). The contnes deck contains no equipment other 
specific needs would have required a large amount of dupli- than the faders, switchbanks and vu meters. All amplifiers 
cation and very little flexibility. The solution appeared to or — Se - yf ——o ne 
be a master control room housing practically all equipment : : io athe. + petedounbes whic 
for the Center, tied together by a master control console de- and wenengunens; the second <a f amplifiers are the four 
signed to permit maximum versatility with a minimum of a angles. Seow Gis bs te patch facility just 
equipment duplication. For purposes of description the sys- described. The next two shelves contain monitor amplifiers 
S for the music appreciation facility which will be described 


tem breaks down into three areas: program originating facil- 


ity; public address facility; and music appreciation facility. later. The last two shelves contain the monitor amplifier for 


the board and the power supplies for all the equipment in 
PROGRAM ORIGINATING FACILITY this rack. All equipment is in the form of plug-in units; 
it was felt that this was particularly desirable because servic- 
(a) 2 microphone inputs; (b) 1 radio network input; (c) 8 ing can be achieved by instantaneous exchange with a spare 
turntable inputs; (d) 4 remote line inputs. standby unit. It is needless to say that one spare for each 
‘ Each remote line input is fed by a 12-position push-button *YPe of unit is on hand. The turntables used have a built-in 
selector. Above each input fader are two key switches per- equalized preamplifier, and the transcription arms are 
mitting the input to be mixed into any one of four program equipped with a GE VR2 reluctance cartridge. As the 
busses. Each program bus has a program amplifier and a turntables see quite a considerable amount of use, this car- 
master volume control feeding a program line. Each pro-  tridge was chosen because styli can be rapidly exchanged 
and are very inexpensive. 


—>_————_ a2 


The Program Originating Facility (Fig. 1) consists of: 


. Presented October 14, 1960 at the Twelfth Annual Convention of To supplement the metering of the four channels of the 
the Audio Engineering Society, New York. ; : ae 
i olsiaseiindions tla Group Radio Facility. programming console, a fifth vu meter is provided with a 
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selector switch which in addition to monitoring the program 


switch, the vu appears on the terminals of the patch bay 


and may be used for calibration and measurements. 
cision step attenuator is provided to facilitate this. 


A pre- 


channels can also monitor the music appreciation facility, 


as does the aural monitor. 


In the off position of the selector 
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Schematic diagram of program originating facility. 
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Fic. 2. Master control room. 


PUBLIC ADDRESS FACILITY 
The building has seven major public areas which have to 
be served with public address facilities. Six of these areas 
| are fitted with a wall panel as shown in Fig. 4. 
| As can be seen from the photograph, each of these six 
areas has a radio line running directly to master control 


and appearing on the patch bay and then on one push_ 


| button of the remote input selector. Should a multiple mi- 

crophone pickup be necessary, a portable mixing amplifier 
of the usual broadcast type is plugged into the receptacle. 
It is piped to master control, punched up and fed onto 
a program bus. The input selector of the power amplifier 
for this particular area is then set for the particular program 
bus and feeds a 70-v speaker system built into the ceiling 
of the area. The overall volume is preset on the power 
amplifier in master control and an additional pad is 
provided in the area for local control. Should an occasion 


arise when a conference must be held in privacy, the portable 
mixer amplifier may be connected to a portable power am- 
} plifier with a 70-v output. A socket is provided on the local 
control panel which, when a jack from a portable amplifier 


4 CS 


Fic. 3. Equipment racks in master control room. 
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is inserted, will lift the speakers from the master control 
amplifier and connect them to the portable unit. It can thus 
be seen that the privacy situation has been satisfied. It can 
also be seen that if a conference does not require a public 
address facility but rather verbatim recording, the mixer can 
feed the patch bay in master control directly; instead of 
switching the origination to a program bus, a tape recorder 
is then directly connected to the patch bay and monitoring 
is achieved by earphones on the recorder. A panel is pro- 
vided in master control permitting the monitoring of 
all outgoing 70-v lines to detect failure of any of the power 
amplifiers. This panel is located in the top of the center 
rack shown in Fig. 3. All power amplifiers are either 50 w 
or 20 w, depending on the size of the area served. 

The seventh area is the auditorium of the building. It is 
furnished with a four position mixer, as shown in Fig. 5, 


Fic. 4. Wall panel for public address facilities in smaller public areas. 


which can either feed a 50-w power amplifier directly or can 
feed master control. If the mixer feeds the power amplifier 
directly, the privacy provision of the other areas exists. In 
the auditorium, the speakers are wired in banks and may be 
cut off by means of a control panel, shown at the bottom of 
Fig. 5. To eliminate an operator on functions demanding 
just simple public address, the output of the mixer is pre-set 
and switched to master control. Master control can then 
punch it up on a remote position and the input selector 
switch for the power amplifier can be set to the appropriate 
program bus. The program can now be monitored aurally 
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and visually from master control and the gain can, of 
course, be adjusted also. As can be seen in Fig. 5, a remote 
control position for mixing may be selected over each mixer. 
This permits the mixing of audio from three other positions 
in the auditorium. The equipment used consists of four 
preamplifiers, one line amplifier and one power supply. As 
can also be seen, each preamplifier has a fourteen-position 
input switch permitting the selection of any one of ten mi- 
crophone receptacles located around the walls of the audi- 
torium and four miscellaneous inputs. Provision is made 
for connecting a tape recorder directly to the system for 
recording or to feed a tape recorder into the system for 
playback. A monitor is provided. This control center is 
located in a projection booth in the rear of the auditorium 
and is connected to master control with a private telephone 
line for communication in addition to the audio circuits. 
Details may be seen quite easily by referring to Fig. 6. 
It will be noted that all public address facilities are equipped 
with Langevin equipment. It was felt that the fine reputa- 
tion which this equipment has for heavy duty applications 
was ideal for an operation of this type where maintenance 
must be kept to a minimum due to the absence of skilled 
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Fic. 5. Four position remote mixer. 


technical personnel in the operating staff. Two tape record- 
ers are part of the auxiliary equipment for this operation. 


MUSIC APPRECIATION FACILITY 


The music appreciation facility consists of a lounge and 
seven small soundproof rooms designed to be occupied by 
one or two persons. Each area is equipped with a biflex 
loudspeaker housed in a bass-reflex enclosure. Eight moni- 
tor amplifiers may be bridged across the output of the eight 
turntable preamplifiers described in the program facility by 
means of push-button selectors. The volume control for 
each amplifier is underneath its respective selector bank. 
The system is so arranged that a turntable can be selected 
to feed a program channel and a booth simultaneously and 
that it is possible to cut away from one or the other without 
affecting levels appreciably. The level fed to the booth is 
set on the panel in master control where, as was previ- 
ously described, it can be both visually and aurally moni- 
tored. A pad is provided at each speaker to permit adjust- 
ment of volume in the area itself. The control panel for 
this system may be seen in Fig. 2 on the left-hand panel. 
It may be noticed that some of the controls on the board 
have colored inserts on the knobs. All controls pertaining 
to the music appreciation facility have blue inserts. The 
master control of each of the four program channels has red 
inserts. The area selectors for the public address facility 
have yellow inserts. This color coding has helped to prevent 
errors and has facilitated training of personnel. 


CONCLUSION 


There is complete standardization throughout the build- 
ing. All microphone inputs are 30-ohm; all high level in- 
puts, 600-ohm. All outputs are 600-ohm and all radio line 
circuits are 150-ohm. Frequency response, noise and dis- 
tortion figures of the system are compatible with the stand- 
ards demanded by the major broadcasters. The fabrication 
and installation of the plant was done for the university by 
the Commercial Radio Sound Corporation of New York 
City to our specifications and design. It is hoped that in 
spite of the somewhat specialized nature of this system, this 
discussion has been of interest to those interested in the 
versatility that can be achieved in this type of installation. 
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In Memoriam 


VINCENT MALLORY* 


Vincent Mallory F.AS.A. died on 17 January last at his home 
in Washington, D.C. after seven years of cancer. Our profession and 
the several disciplines in which he excelled can ill afford the loss. 

For the record, Vincent was born April 9, 1898 and received early 
classical training in Jesuit schools in Western Pennsylvania. At the 
University of Pittsburgh and Carnegie Institute of Technology, he 
pursued simultaneously with vigor and distinction both engineering 
and the theatre. After short World War I service, he played in vaude- 
ville and trouped much of the country in the killing five-a-day 
routine. While stage manager for Ruth Draper, he met and mar- 
ried Dorothea Norton, who survives him. 

For the GRANDSTREET FOLLIES, he designed the electronic 
sound reproducing equipment for a skit burlesquing the then nascent 
talkies. He designed the transformers for the system. Ferranti hired 
him forthwith to design transformers. 


He served New York City as announcer on WNYC and as Chief 
Sound Engineer for the Department of Parks where he provided 
Mayor LaGuardia with a dummy microphone to nuzzle and picked 
him up undistorted from overhead. As consultant to the Federal 
Theatre, he developed the sound system which was the heart of the 
LIVING NEWSPAPER now remembered by its less dramatically 
compelling descendant, the documentary motion picture. 


Vincent served as chief engineer for the Todd Transformer Com- 
pany, The Transformer Corporation of America, and the Sound 
Research project at Stevens Institute of Technology. 


In this last capacity he designed the Stevens Sound Control Sys- 
tem, worked on the dramatic productions for the Bell Telephone 
Laboratories’ first stereophonic recordings, installed the Stevens 


WALTER SYDNEY BARRELL* 


Mr. Walter Sydney Barrell, for many years Director of the E.M.I. 
Studios in London, died at Worthington on January 18th, 1961, 
at the age of 70. 


Born in Suffolk, Mr. Barrell was educated at the Queen Elizabeth 
Grammar School at Ashbourne in Derbyshire, and at the London 
Technical Training College. He joined the United Wireless Company 
of America in 1909, and from 1911 to 1915 was on the operating 
staff of the Marconi International Marine Communication Company. 


In 1925 his association with the record industry began: he joined 
the Columbia Graphophone Company Limited in London, and was 
soeon appointed Chief Engineer. In addition to his responsibilities 
for the design of recording equipment, Mr. Barrell was compelled 
by repertoire requirements to undertake many celebrity recordings 
abroad, including the Bayreuth Festival, La Scala Opera in Milan, 
the Concertgebow in Amsterdam and others. 

He also collaborated with the late A. D. Blumlein in the design 
and production of the Columbia Electrical recording system. During 
this time he reorganized the Columbia Company’s expanding record- 
ing activities in the United Kingdom and its many overseas centers. 


In 1931, when Electric and Musical Industries Ltd. was formed, 
Mr. Barrell became Chief Engineer at their new Abbey Road Studios. 
The studios were re-equipped under his direction. About this time 
A. D. Blumlein designed the first stereophonic recording system and 
under Mr. Barrell’s direction a number of remarkable 78 r.p.m. 
stereo discs were made. From the outbreak of the war until 1946 


system in the Metropolitan Opera where for two seasons maestri 
and directors reveled in the ability to give the performances subt- 
lety and scope never before (or since) possible. 


Pearl Harbor brought Vincent orders to active duty in the Navy. 
He served as Senior Naval Officer with his Stevens colleagues then 
working on NDRC Project 17.3-1, and went to the Sicily invasion 
with them; then directed acoustical and electronic techniques in 
Scotland and in the Joint Staff in Washington. He received the 
SECNAV commendation award, the honorary degree of Electrical 
Engineer from Stevens; he was a fellow of the ACSOC, and (very 
proudly) an honorary member of the United States Navy Band. 


He retired as Chief of the General Equipment Branch of the 
Missile Guidance Division, Naval Ordnance Experimental Unit shortly 
before he died. With Harold Burris-Meyer, he wrote numerous 
technical papers published in JASA and in the report of the 3rd 
International Acoustical Congress, and one book—SOUND IN THE 
THEATRE. He worked as consultant on sound control in many 
plays and theatres. 


Vincent’s zest for living, his humor, his energy, his impatience 
with the second best, were proverbial. “A fellow of infinite jest, of 
most excellent fancy,” he postulated as a logical backwash from cur- 
rent flood of canned music, the loud, continuously playing juke box 
from which a coin will buy a few minutes of quiet. In autographing 
a friend’s copy of SOUND IN THE THEATRE, he quoted Oliver 
Wendell Holmes: “And silence like a poultice comes to heal the 
blows of sound.” 


* By Harold Burris-Meyer, Mr. Mallory’s long-time associate. 


recording activities at E.M.I. were much curtailed but, in addition 
to valuable work for the Admiralty, Mr. Barrell had time to initiate 
successful experiments in extending the frequency range of records. 

In 1946 Mr. Barrell became Director of E.M.I. Studios Limited. 
Under his control many developments took place including tape 


and microgroove recording. He travelled extensively at this period 


and made a host of friends in the United States and Europe. 

In 1952 he became President of the British Sound Recording As- 
sociation. 

He retired from the direction E.M.I. Studios in 1955 and became 
Technical Liason Officer for the company’s world wide recording 
activities, and in this capacity his experience and advice were in- 
valuable to his colleagues in the industry. 

In 1956 Mr. Barrell was elected an Honorary Member of the 
Audio Engineering Society of America, a rare distinction as it was 
the first time the honor had been conferred on one other than an 
American citizen. He was presented with the citation in New York 
at a ceremony which demonstrated the high regard in which he was 
held. : 

His retirement, at the age of 67, from the company’s service was 
regretted by all who knew him. 

His hospitality at this house at Jordans was well known and he 
was happy in his move to Worthing. He leaves a devoted widow 
and family, to whom we offer our deep sympathy. 


* Excerpted from The Gramophone. 
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Only the Stanton Fluxvalve 
can provide the exclusive 
and patented features 
which make it the 
finest pickup available. 


he significance of a document... a 

Letters PATENT conferring exclusive 
rights and privileges on an individual to 
manufacture and vend an invention both 
new and useful . . . further signifies a 
most important responsibility upon that 
individual. 


Endowed with this responsibility, 
Pickerinc & CoMPANY pioneered — 
through their outstanding participation 
in stereophonic development — the 
STANTON STEREO FLUXVALVE, the very 
first (and only) stereo cartridge incor- 
porating the revolutionary T-CUARD stylus. 


But this was only the beginning—through 
continued development—major advances 
in stereo pickup design were brought 
about by the use of Pickerinc & Com- 
PANY’S long experience . . . special skills 
and exclusive techniques. 


Thus; less than one year after the intro- 
duction of the stereo record, PICKERING 
& Company introduced the Move. 380 
STANTON STEREO FLUXVALVE. And, in a 
few short months, the 380 earned its 
reputation from the experts as — 
“The finest stereo pickup ever tested”. 


Isn't it time you found the true answer 
to stereo as it was meant to be? 


WE urge you to go to your dealer for 
a 380 FLUXVALVE DEMONSTRATION— 
we know you will find its quality of per- 
formance almost beyond belief. 


p. HEAR THE DIFFERENCE 
©) k 


for more than a decade—the world’s most 
experienced manufacturer of high fidelity 
pickups ...supplier to the recording industry. 


PICKERING & CO., INC., PLAINVIEW, NEW YORK 


The Stanton Fluxvalve and Stereo Fluxvalve are patented 
pending) in the United States, Great 
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Letters to the Editor 


FLUTTER MEASUREMENTS BY THE AMERICAN 
STANDARD METHOD 


Donato E. Morcan 
Ampex Audio Company, Sunnyvale, California 


SINCE an accepted American Standard does exist which specifies the 
methods to be used for measuring and reporting flutter, we in the 
tape recording industry should comply with all aspects of it. The 
standard is the “American Standard Method for Determining Flutter 
Content of Sound Recorders and Reproducers, Z57.1-1954”; it speci- 
fies definitions, the flutter measuring instrument, test methods, and 
reporting techniques. 

For those who are unfamiliar with the terminology used in this 
field, I have extracted from the Standard those definitions which are 
applicable and necessary. 

Flutter is defined as the deviations in reproduced sounds from their 
original frequencies which result from irregular motion during re- 
cording, duplication, or reproduction. 

The percent flutter in a reproduced tone is the root-mean-square 
deviation from the average frequency, expressed as a percentage of 
average frequency. 

Percent total flutter is defined as the value of flutter indicated by 
an instrument which responds uniformly to flutter of all rates from 
0.5 up to 200 cps. 

The standard indicates that flutter content of a recorder or repro- 
ducer should be determined using a test tape having relatively negligi- 
ble flutter content. The reported flutter is considered to be that for 
one operation alone. Lack of a suitable test tape has led to the com- 
mon use of an Alternate (Non-Standard) Method which does not 
require the use of a special test tape. This method of recording a 
tone on the tape and reproducing it on the same machine is being 
used in the tape recording industry at the present time. The flutter 
obtained in this manner is for two operations, and must, for proper 
reporting, be converted to represent flutter for one operation alone. 
It must be understood that when this procedure is used, flutter com- 
ponents due to a given excitation in recording and reproduction add 
vectorially. Since the relative phase angles of the two vectors are not 
known, a single measurement which shows the sum does not suffice 
for determining either component alone. The magnitude of one vector 
can be estimated from a series of measurements. The Standard states: 
“If two equal vectors are added at N equally spaced phase-angles 
covering the possible 360 degrees, and the squares of the N resultants 
are averaged, the square-root of this average is 1.41 times the length 
of one of the vectors. This holds independently of the starting of 
reference point, and for N equal to any whole number down to one.” 

While testing a machine with its own recorded signal, the measure- 
ments should be taken in such a manner that the range of possible 
phase-relations between cyclic disturbances in recording and repro- 
duction is covered in substantially equal steps. The flutter for the 
combined operation is the root-mean-square of the measurements. If 
the measuring equipment reads rms flutter, and if conditions are such 
that equal flutter is to be expected in recording and reproduction, the 
most probable value of flutter for either operation alone is 0.707 of 
the measured combined flutter. 


Flutter Measurement Observations 


At low rates of flutter, the flutter meter tends to indicate the instan- 
taneous value of the composite waveform of flutter. This, coupled 
with the effect of cancellation or enhancement when using the non- 
standard method, can cause inconsistent results from this type of 
measurement. To determine the amount of inconsistency, measure- 
ments were taken on sixteen machines using both the standard and 
the non-standard method of measuring flutter. In the standard 
method using the test tape, the meter was judged much easier to 
read because the needle did not fluctuate randomly, nor with a high 
amplitude. In the non-standard method, the fact that the flutter 


components do cancel and add to each other leads to results which 
misrepresent the true flutter in the machines. Figure 1 shows the 
flutter meter readings for one machine as taken by the two methods, 
Figure 1a shows the extent of the needle excursions and the average 
reading as read by two different people for the non-standard flutter 
measurement. Figure 1b shows the extent of needle excursions and 
the average reading for the standard method. In Figure 1a, the fact 
that the needle fluctuates with a random motion makes it difficult to 
judge the average position of the needle. The large amplitude with 
which the needle fluctuates compounds this difficulty. This example 
also illustrates that the ratio of the two-operation to the one-operation 
meter reading is approximately 1.4. 


Fic. 1. Flutter reading of one machine by both methods. A. Non- 
standard method. B. Standard method. 


For a comparative representation of all sixteen machines, I am as- 
suming that the flutter measured by the standard method is the true 
flutter content of the machine. Since this data was gathered on the 
production line, each result by the non-standard method is based on 
the average of five meter readings. Theoretically, we would expect 
the readings to be 1.4 times the true flutter content of the machine. 
Figure 2 also shows that there is little correlation of results between 
the two methods of measuring flutter. In fact, the non-standard 
measurements misrepresented the true flutter content of the machine 
by as much as 30%. This error could have been reduced if many 
more meter readings had been taken. The error also depends on the 
particular machine being tested; whether the predominant components 
are low frequencies; what the relative phase angle is between compa- 
rable vectors, and whether or how fast this phase angle is changing. 
None of these variables can be readily predicted or compensated for 
during the measurement of flutter in each machine; therefore, these 
effects were previously not known or were ignored. 


Flutter Test Tape 


For specifications of the test tape itself, the Standard refers to those 
published by the Society of Motion Picture Engineers ;! extracts from 
these specifications are as follows: 


(Continued on Page 234) 


1$.M.P.E. Committee on Sound, “Proposed Standard for 35-mm 
Flutter Test Films,” J. Soc. Motion Picture Engrs. 49, 160-161 (1947). 
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fAIRCHILD Professional Products 


MODEL 641 STEREO CUTTER SYSTEM 


The first cutterhead designed especially for cutti 
45/45 stereo discs. Not a comprom f = 
An excellent stereo cutter, the Fairchild 641 also 
doubles as a lateral cutter capable of cutting high- 
level, high-quality monophonic discs. 
Construction features an armature made in one 
— of aluminum and magnesium; high tempera- 
re windings and impregnation assures high reli- 
ability. Nothing to just, burn out, or go out of 
order. This is the first cutter system using modern. 
all-ceramic output tubes tn two rugged, high-power 
— bullt on a single chassis. Operation is 
ent 4 in Class A with minimum distortion, yet 


le of delivering 2000 watts = power for good transient response. U nique 
RF feedback circuit minimizes dist provides an 
monitoring system with line level swipes. 


SPECIFICATIONS 
+ 600 ohms. Input Level : —5 dbm to +15 dbm 


Input Impedance Requirements 
for standard recording level. Frequency t *2 db, 20-15,000 cps each 


Response 
Inter Less than 0.15%, 14 ke and 14.05 ke, 


channel 


60 cm 


A radical departure from the classical limiter 
design: characterized by the complete absence 


both at 30 cm/sec. Harmenic Distertion: Less than 0.5% at 14 cm/sec, 1-15 ke 
and at if mil ampittude (30-1,000 eps). Maximum Cutting Level: Better than 
Channet-to-Channei Separa- 


5 ke, and 30 cm/sec above 5 ke. 


sec up t 
tien: Better than | 20 db. 


scene cbse careers tices: Pistersesttteettesiesss a 


of audible thumps, distortion and noise. An- 
other feature is its extreme stability over long 
periods of time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change 
made by the flick of a switch. The complete 
unit is enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 
produce full limiting effect during the first 
10, of a second (unlike conventional 
limiters that pass short transients due to their 
slowness of attack). 


Front View 


SPECIFICATIONS 


Impedance: 600 ohms each channel 
Suto mpedance: 600 ohm es > nnel 
it Level Range: fay Ty +16 dbm. Gain: 7 db. 


frequency yy Wwe 1 db, 40-15,000 

Separation: »0sItion; 40 db, Vertical- Lateral position 
Release ty Aadjustaple 0. le 0. J LP 25 seconds in 6 positions. 

IM or Harmonic than 1% at any level up to 


MODELS 600 AND 602 CONAX 


A new concept in limiting devices, capestaity developed for use in 
systems with treble pre-emphasis such dise recording and 
M/TV sound transmission. Its action “. instantaneous and 
inaudible for most program material; allows 4 to 6 db higher cut- 
tings or SraneeiSns levels. Also effective in tape a optical 
seceding. Input Impedance: 600/150 ohms each channel. Output 
mee: 600/150 ohms each channel. & ange: 
— VU to +10 VU. Frequency Response: 25-15,000 cps, below 
filter threshold ees ation: Better than 45 db monic 
tortion: Less than 1% at +18 dbm, below filter threshold. Filter 
Threshold: Adjustable in atx steps. $460°° 
Fairchild Model 602 Stereo Conax—Net Each...... 


Fairchild Mode! 600 Single Channel Conax—Net... $300.00 
Fairchild Model 600A Single Channel Conax—Optical recordl 
BONE Ec ccc cconscevecscansessesevuconsessccosa $300. 00 
Fairchild Model 601 Single Channel Ceo mixing stages; 
40 db gain. Net Each............ ewveccosocecceses $375.00 


MODEL 605 STEREO-EQUALIZED PREAMPLIFIER 


Designed as a calibration tool; compact, complete stereo preampli- 
fier for dise playback systems.About the size of a passive equalizer, 
it fits in the turntable cabinet top. Two types of ~ ge Trans- 
former with 3 different impedances, and grid directly. Selector 
switch for stereo or monophonic with 3 equalizations each; line 
level output; two treble response Te for each ened | 
+ 10 db level adjustment. Inpw ”, 150, 37.5 
47,000 ohms. Output tm —- 600/ 150. ohms T5000 cps 
nse: Deviation from apecined curves *=1 db, 30-15, , 
Tre’ 10 5 ke. Noise: 
for transformer input: —110 ibm for grid input 
tortion: Better than 1% at +18 dbm. Equal : Flat, tRIAA 
and a Oe 


+18 dbm output (no limiting). Less than 1% at 10 db limiting 
+12 dbm output. 
: 3 amps, 115 v. AC, 60 eps. 


it <5 -lenprabibbentedoenee EE *1435°° 


Fairchild Model 660 Single-Channel Limiter — $9790°° 


MODEL 680 POWER AMPLIFIER 

Space saver among power ye delivers 200 watts peak power 
in 5%” rack space. Excellent as a monitor amplifier or cutting 
amplifier; or, in any other —F - application. Front panel meter 

d pushbuttons for AC and DC balancing Two types of input: 
Transformer and grid directly Floating output circuit 
Level Requirements: — 25 dbm a 10 w. output (680-1); 0.4 v. for 
10-watt output (680-2). Output ce: 8 and 16 ohms: other 
impedances on special order Fre juency ry 126, 35- 
20,000 eps, up to watts Distortion: Less than | at 
80 watts. Damping Factor: 10. Noise Level: Better than a OD 


below 100 watts 
Fairchild Model 680-1— Input, 600/150 ohms. Net. 

Medel 680-2—Input, 100K ohms unbalanced: 200K 
ohms balanced. Net Each $299.50 


MODEL 530G 3-SPEED TRANSCRIPTION 


TURNTABLE 
Professional, high quality turntable for broadcast and lab use in 
reproducing yy ® 45 and 78 rpm recordings. Ideal for highest 
quality stereo di layback. Extremely accurate in program 
timing at all speeds. Direct gear drive operates from synchronous 
hysteresis motor; no rim slip or over-run clutch slip. Quiet, wow 
and flutter-free drive. Smooth, ripple-free power transfer from 
synchronous motor to reduction mechanism _ oil bath using three 
positive-action cogged belts. Fast cu = Me No rumble and vibra- 
Rew ~ eg A non-existent wr and 78.26 rpm 
jen: Absolute timing within limits of’ power line freque -& 
on ble: Meet ts NARTB specifications, vertically and laterally 
(*1 db, 10-250 eps), 41 db below 7 cm/sec at 1 ke. Me: + 
see frequencies below 50 cps: 55 db below 7 cm/sec. at 1 
we utter: Below 0.1% peak, including = I ‘frequencies 
between. 0 and 500 eps (exceeds NARTB specs) Time: 
Stable speed reached from motor start in 4 am Bh gy and 45 
pm; % Se ot ve 78 rpm. C ne by slipping wa is prac- 
tical at any speed table: I dia., undercut ~A. top for eas 
record removal aoe 1/20 ny sync hronous : 
120 watts, 110-120 v. AC, 60 cps oe press Size: o w.x 24° d. 
x 264%" h. (turntable height, 28” Finish: Light ing 
with buffed aluminum trim. Weight, 356. tbe. 
Fairchild Model 530G Turntable—Net Each....... 


600X-60A 


Unique in design and application, reliable in performance are two of the many outstanding characteristics of ALL 
FAIRCHILD PROFESSIONAL PRODUCTS. You can specify and recommend FAIRCHILD with confidence. Further per- 


formance data on listed products available: contact 


FAIRCHILD Recording Equipment Corporation 


Professional Products Division, 10-40 45th Avenue, Long Island City 1, N. Y. 
Journal of the Audio Engineering Society, July, 1961 
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234 LETTERS TO THE EDITOR 


THE NEW MODEL No. 9 


Piet: bt: Bt 4 
DELUXE 70 WATT AMPLIFIER 


This luxurious instrument is the only such unit offered 
today with this high an order of construction quality, re- 
liability, and performance characteristics. Whether played 
at low “background-music” levels, or at full overloading 
power, the exceptionally low distortion and high stability 
of this new design results in a clarity and freedom from 
breakup that is virtually unmatched in the field. 

For superior stereo or mono reproduction, America’s lead- 

ing make of quality components offers the finest amplifier 

made today. 

POWER: 70 watts—140 watts peak. Switch for nearly 40 watt triode 
operation. 

RESPONSE: At FULL rated power: within 0.1 db, 20 cps to 20 
ke; within 1 db, 10 cps to 40 ke. At '% watt: within 1 db, 3 
eps to 40 ke. 

HARMONIC DISTORTION: At FULL rated power: LESS than 
0.1% at mid-frequencies, LESS than 0.39% (@ 20 cps, LESS 
than 0.5% @ 20 ke. 

HUM & NOISE: BETTER than 90 db below 70 watts. 

OUTPUT IMPEDANCES: 4, 8 and 16 ohms. Also 1 ohm tap for 
center-speaker connection. (This tap not rated to fully meet all 
specs when driving 1 ohm load.) 

CONSTRUCTION: Precision construction throughout. Rigid heavy- 
duty terminal board, machined turret-terminals. Laced wiring 
cables. Silicon diode B+ and bias supplies, with Zener regula- 
tion of first stage. Three Sprague 17D telephone-grade electro- 
lytics. Very cool operation. Heavy front panel with precision- 
machined knobs, d’Arsonval meter, etc. 

TEST SECTION: Built-in complete metered instrument for self- 
testing and balancing of output tubes, and adjustment of driv- 
ing signal balance. No need for matched output tubes. 

CONTROLS: 

Gain Control isolated by hode-foll 
Phase Switch 


—phase circuit. 
~-for securing sum signal (A + B) in center- 
channel speaker fed by two amplifiers. 


Low Pilter ~—Subsonic cutoff, LESS than 4 db @ 20 eps, 
~20 db @ 3 eps. 
Test Switch —Metered bias readings (plate current) for 


each output tube. Built-in test signal for 
dynamic balance adjustment. 
TUBE COMPLEMENT: 2- 6DJ8/ECCS88, 1- 6CG7, 4- 6CA7/EL34 
1- Zener Diode, 5- Silicon rectifiers. 
OVERALL DIMENSIONS: 154%”"W x 84”H x 1044”D Panel— 
1544”"W x 73%4”H. Rack panel— 19”W x 834”H. 
SHIPPING WEIGHT: 63 pounds 
PRICE: Model 9 - aE SE > 
Model 9R (rack mounted) _..._.__-.-—« $354* 
*slightly higher in West 


a ALSO AVAILABLE: 


Model 970— 70.7V, 8 ohms(25v), 16 


ohms. 
a Model 970R—same as above rack 
2 °c mounted. 
i 
mE <a Been ee Ez 


25-14 Broadway, Long Island City 6, N. Y. 


Scope and Purpose. This specification defines the general charac- 
teristics of test films suitable for flutter measurements upon 35-mm 
motion picture film reproducers. 


Flutter Content. The flutter content of the test film shall be speci- 
fied by the supplier. The figure or figures shall be as obtained when 


| the film is reproduced on a device which is relatively free of flutter 
| and measured on a measuring instrument which conforms to the 


specifications given in “Proposed Standard Specifications for Flutter 
and Wow as Related to Sound Recorders.””= 


The “Percent Total Flutter” shall be a minimum and shall not ex- 
ceed 0.06 percent. 


The “Percent Flutter” at any rate within an octave band shall not 
exceed 0.035 percent. 


LEGEND: 


MEASUREMENT BY 

NON. STANDARD METHOD 
CONVERTED TO REPRESENT 
FLUTTER IN ONE MODE 


MEASUREMENT WITH 
FLUTTER TEST TAPE 


PERCENT FLUTTER 


—~———7 


776 800 769 797 770 783 771 144 801 778 792 758 794 789 767 
SERIAL NUMBERS 


Fic. 2. Flutter content of sixteen PR-10 recorders taken by both 
methods at 7.5 ips. 


Ampex has developed means for producing a flutter test tape, and 
is producing these tapes for company internal use as well as for gen- 
eral sale. The flutter content of the test tape has to be determined 
by the non-standard method. The total flutter content of the tape is 
consistently better than 0.022 percent. This measuremen was taken 
over the bandwidth from 0.5 to 250 cps. The flutter content at any 
rate within an octave band does not exceed 0.02 percent. The test 
tape being produced, therefore, is well within the specifications con- 
tained in the SMPTE Standard. 


Ampex Professional Audio has adopted the American Standard 
method for use in all engineering, manufacturing, quality control, in- 
struction books, and sales literature. A few clarifications and excep- 
tions to the Standard are being observed: 


Paragraph 3. Flutter Measuring Instrument. Any instrument meet- 
ing the description in these sections is acceptable for field use. Few 
of the commercially available instruments are satisfactory with re- 
spect to certain aspects of good engineering practice. Therefore, ful- 
fillment of the following requirements is mandatory for instruments 
used at the factory for engineering, manufacturing and quality control. 

a) The sensitivity of the meter shall be such that the specified 
reading falls within the upper three-quarters of the meter scale (eg. 
for a specified flutter of 0.07%, the meter sensitivity must be 0.28% 
full scale). 

b) The noise level (residual reading) of the meter shall not exceed 


(Continued on Page 238) 


2S.M.P.E. Committee on Sound, “Proposed Standard Specifications 
for Flutter and Wow as Related to Sound Recorders,” J. Soc. Motion 
Picture Engrs. 49, 147-159 (1947). 
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| FAIRCHILD MODEL 670 
» STEREO LIMITER 


Net Each $1435.00 


FAIRCHILD MODEL 


-103 West 43 Street, New York 36, N.Y. / 


CONAZX ., 


A New Way to Automatically Control ‘ 
High Frequency Distortion Problems 


FAIRCHILD 670 A STEREO LIMITER OF UNUSUAL DESIGN 


A radical departure from the classical limiter 
de ; sence of 
audible thumps, distortion and 

— re bas its extreme stability over long periods 
o! 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change made 
by the flick of a switch. The complete unit is 
enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 


h 
SINGLE-CHANNEL LIMITER {i'°5 ‘Soccna‘unike ‘conventional. limiters. that 


Net Each $970.00 


pass short transients due to their slowness of 
attach). 


The revolutionary, the new, has always | ound 
its way into Harvey Radio. Thus it is that 
Conaz by Fairchild, which makes a significant 
contribution to the state of the audio art, is 
made available by Harvey Radio. 


The Fairchild Conazx is basically an auto- 
matic, high speed, high frequency filter and, 
despite the fact that it is a high frequency 
filter, its action is not audible in normal 
operation. 


Under normal recording conditions, it is en- 
tirely out of the circuit, passing the fuil audio 
frequency range. Should a strong high fre- 
quency sound come along capable of upsetting 
either the recording or the playback system, 
or FM transmitting system, the Conax goes 
into action instantaneously (faster than 
1/40,000ths of a second) and reduces the 
bandwidth for the duration of the disturbance 
only. The system will then return just as fast 
to normal band-pass (i.e., 15 ke). 


The Fairchild Conaz is effectively usable in 
the fields of disc and tape recording and the 
broadcasting of AM/FM/TV audio, eliminat- 
ing problems such as overload due to loud 
cymbals, castanets, sibilant singers, muted 
trumpets, bells, ete. 


Early use and acceptance indicate that Conax 
really does the job—the inaudible control of 
high frequencies that combined with equali- 
zation or pre-emphasis, can degrade a signal 
rather than improve it. 


CONAX IS AVAILABLE IN SINGLE OR DOUBLE MODELS: 


Model 600 —single channel* $300. 
Model 602 —double channel* $460. 
Model 600A-—special unit for 

optical recording $300. 


“Normally supplied with 75 microsecond pre-emphasis 
filter (RIAA pre-emphasis) 


HMARWY EY rapioco.i1Nnc. 


1Block from Times Square / JUdson 2-6380 
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ALNICUS! 


Fad, 


ALNICUS is a new kind of permanent 
magnet material that affords the 
design engineer in modern industry 
the widest latitude and greatest 
flexibility because—it is commercially 
produced ...it has the highest 
magnetic power ever...it is not 
limited to plugs, rectangles or other 
rismatic shapes. In plain truth— 
ALNICUS makes it possible to 
commercially produce permanent 
magnets with the highest energy level 
ever achieved in virtually any size 
or shape, and ALNICUS will maintain 
this high magnetic power in all 
configurations! 


MAGNETIC MATERIALS DIVISION 


ALNICUS...broadens the *: 

scope of magnet use for 
the Military and all industries. 

For example—with commercially 

produced ALNICUS it is now 

possible to have higher magnetic 

energy with no increase in unit size or 

weight...or, retain the same magnetic 

energy with a smaller, lighter unit. 


For complete information— | a 


Address inquiries to Dept. J7 ® > 
; ALNICUS 
Permanent 


-@ New ph, 
ee ata igh in, i 
a — 


on your company letterhead. 


= nace 
I as 


U.S. MAGNET & ALLOY CORPORATION 266 Glenwood Avenue, Bloomfield, N. J. 
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Unretouched photo of a cross section of an 
ALNICUS grade USM-75 magnet. Note 100% 
penetration and directional grain over entire 
cross section. Grain has completely penetrated 
the casting in a uniform direction with virtually 
no grain bounderies to effect losses in the energy 
product level. 


MAGNETIC MATERIALS DIVISION 


U.S. MAGNET & ALLOY CORP., 266 Glenwood Avenue, Bloomfield, N.J. 
Journal of the Audio Engineering Society, July, 1961 


magnet is now available for 
Loudspeaker Applications. 


ALNICUS Grade USM75—with 

its nominal energy product of 
7,500,000 guass-oersteds—is now 
being commercially produced in 
full production schedules. It is now 
possible to realize almost off-the-shelf 
deliveries. 


The macro-photographs below are 
unretouched, they illustrate the 
remarkable differences in the 
actual grain structure of 

halved plug magnets. On 

the left is ALNICUS Grade 
USM75 and on the right 
ordinary Alnico V-DG. 


Unretouched photo of a cross section of an Alnico 
V-DG magnet which does not have 100% pene-, 
tration or direction of grain over the entire cross 
section. Grain bounderies resulting from only 
partial penetration cause losses in the energy 
product level. 
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238 LETTERS TO THE EDITOR 


e, “)vanlatee 


AUDIO ENGINEER 


If you enjoy complex tests requiring appli- 
cation of advanced audio electronics knowl- 
edge, would like to plan, conduct and re- 
port on assigned projects, appreciate non- 
commercial research, suburban laboratory 
location, satisfaction of seeing your work 
published, and if you have five years mini- 
mum electronics experience, Consumers Union 
(non-profit, independent testing organization) 
has challenging opportunity for you. Salary 
open. For further information, call Mr. Nagel, 
MO 4-6400, or write: 


CONSUMERS UNION 
Publisher of Consumer Reports 
Mount Vernon, New York 


Unique 


TAPE 
STROBE 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


2“ te | 
Immediately indicates off speeds as well as tape slippage. 
Checks drag brake efficiency. 
Adjustable to varying tape heights. 
Can be applied directly to moving tape. 
Finest parts and construction used throughout. 
Diameter accuracy .0002” 
Calibrated for tape speeds ranging from 1% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 
Comes complete in handsome grey and red instrument case. ¢ 


. we, BS 8) | eae eee $22.50 
UNUNe Se Rs FON Oe OO OOD csnknccccvcccccouswas $22.50 
Model C: 1%, 3%, 742 & 15 ips.........c cece ccees $24.50 


For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs. 


17 EAST 48th STREET, NEW YORK 17, N. Y. 
Once you've tried the Tape Strobe, you'll never do without it. 


one-third of the specified flutter (e.g. for a specified flutter of 0.07%, 
the residual reading must not exceed 0.025%). 

Paragraph 3.5. Flutter—Test Records and Films. The test tape 
used for measuring. reproducers shall have a flutter content not to 
exceed one-third of the flutter specified of the equipment under test. 


Summary 


Even though the American Standard has existed for many years, it 
has been impossible to comply with it due to the lack of a suitable 
flutter test tape. Consequently, we have ignored the difficulties of an 
inferior method in order to obtain some measure of flutter. Since it 
is now possible to make a flutter test tape which has a flutter content 
less than one-third the specification for our best machine, we can now 
comply with the standard method and determine precisely the true 
flutter content of a machine. 

Those in the recorder manufacturing industry should readily see 
the advantage of using the standard method; however, some pros- 
pective users may be hard to convince. The fact that a manufacturer 
will specify a lower number for flutter content in specifications may 
lead some people to think that he is only trying to make his machines 
appear better. Actually, if the reasons behind this change are under- 
stood, it becomes obvious that the lower number actually tells the 
true story about the flutter conent. 


Current Publications on Audio 


BOOK REVIEWS 


La Modulation de Fréquence, Jean Marcus. Les Editions Eyrolles, 
61 Boulevard Saint-Germain, Paris V*, France, 1961, 317 pages, 
cloth bound. Price 43.65 New French Francs (about $10). 
During the past 20 years, the use of frequency modulation has ex- 

tended to an ever-growing number of applications. It is a subject 

which cannot be overlooked and which is increasingly applied in all 
fields. Much has been written on the subject, but a good book giving 

a sound background and covering the whole field without neglecting 

to include the mathematics is rare. The author has achieved a great 

deal in a few pages, and yet the book is clear and concise, typical of 
the French way of thinking. 

First, the author analyzes each particular phenomenon, and only 
then does he give the synthesis of the subject. Included at the end of 
each chapter are practical examples to help the reader penetrate the 
theory he has just read. Details of the calculus involved are grouped 
in addenda following each chapter, thus enabling the reader to follow 
the essentials and to understand the mathematical means by which 
the answer was obtained. 

Once the basic principles have been analyzed, the author describes 
the production and the detection of frequency modulated waves. A 
full chapter discussing the ever important subject of noise follows. 
Multiplex and the encountered problems are also treated. Finally, we 
find a set of industrial design examples. 

Even if you have only a small knowledge of French, but work in 
the field, you will appreciate this book. written in an excellent and 
very clear French. The decimal classification is used throughout, and 
there is a very complete decimal index. Regrettably, an alphabeticai 
index is lacking. Altogether this is a useful, clear, concise technical 
book which may not be perfect, but which is written to stay on the 
engineer’s desk. 

MIcHEL PRADERVAND 
RCA Laboratories, Princeton, New Jersey 


Loudspeaker Theory, Performance, Testing and Design, N. W. Mc- 
Lacutan. Dover Publications, Inc., New York, revised edition 
1960; 399 pages. Price $2.25. 


(Continued on Page 240) 
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you * 
surely 
remember 
the 
thrill... 


...the first time you experienced 


d) 


the ecstasy 


of a “Tele” ... The U-47 wortp or sounp. No one then dreamed 
ANY microphone could be worth almost $400; but nearly half of 
NEUMANN’S total U-47 production is in your studios creating the 
vogue in sound today. Now, NEUMANN proudly presents the... 


U-67 SOUND OF TOMORROW! 


Incorporating all the best qualities of the U-47, the NEUMANN 


U-67 enhances them with such innovations as: 


e@ Switch controlled directional char- 
acteristics (all patterns), frequency 
response, and sensitivity. These three 
separate compensation possibilities 
make the U-67 the ONE microphone 
for EVERY application... producing 
completely natural and undistorted 
sound reproduction even when inches 
away from the sound source. 


e “Garden-variety” plug-in EF 86 
tube, replaceable by user, achieves 
lowest noise performance without mi- 
crophonics...but this is only part of the 
story. The complete details are covered 
in a comprehensive bulletin available 
on request. 


Write to Gotham Audio Corporation. 


GOTHAM AUDIO CORPORATION 


2 W. 46 St., New York 36, N.Y.(212)CO5-4111 + 1710 N. La Brea, Hollywood 28, Cal. (213) HO 5-4111 


IN CANADA: Gotham Audio Div. A. T. R. Armstrong Ltd., 700 Weston Rd., Toronto. Ontario 
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BULLETIN FROM GERMANY 


The Gravesaner Blatter is sponsoring a Grave- 
saner Colloquium, August 6-13, 1961. The 
Colloquium will be under the auspices of 
UNESCO, Swiss Radio, The Ticino (Swiss) 


Government and the German Society of Video 


Engineers (Berlin). 


Members of The Audio Engineering Society, 
especially those who work in the television 
field, are invited to participate in the Collo- 
quium by sending the Blatter suggestions, ob- 
servations and questions relating to the video 
industry for discussion at the August sym- 
posium. 


For information write: 


Hermann Scherchen 

Elektroakustisches Experimental Studio 
Gravesano/Tessin 

Switzerland 


_ Ea "y Lair for a free copy 


of “Flutter”. Astudy f a 


Yew ULTRA-SENSITIVE 
FLUTTER METER 


With built-in Three-Range Filter, 3 kc Test Oscillator, High Gain 
Preamplifier and Limiter. Filter Ranges: 0.5 to 6 cps; 0.5 to 250 
cps; 5 to 250 cps. Designed for rapid visual indication of flutter 
and wow. Meets standards set by the Institute of Radio Engineers. 


Flutter and wow readings are 


noise, switching surges and other extraneous transients. 
CONDENSED SPECIFICATIONS 


Write for complete specifications to Dept. JA 


AMPLIFIER CORP. of AMERICA 


An Affiliate of the Keystone Camera Co., 


398 Broadway, New York 13, N.Y. «+ se 62929 


parated by built-in high-pass and 
low-pass filters. Three ranges are read on a large, sensitive 7 inch 
meter: 0.3%, 1.0%, and 3.0%. Accuracy within 2% of full 
scale value, independent of wave-form, amplitude variation, hum, 


BOOK REVIEWS 


During the twenty-seven years since McLachlan’s book on loud- 
speakers was first published nothing really new has been created in 
the field of transducers for sound reproduction, except perhaps the 
introduction of the ionic transducing principle by Klein. 

The measuring technique is also basically the same as was used in 
1934. The dc pulses which McLachlan used at that time to investi- 
gate the transient behaviour of speakers were replaced by tonebursts, 
introduced in 1951 by Corrington. 

The largest part of the book is taken up by the analysis of the 
dynamic or moving coil loudspeaker as the most widely used electro- 
acoustical transducer. It has, in fact, moved up to first place ia pro- 
duction quantities in our days. 

McLachlan gave an exhaustive theory of this type of speaker 
twenty-seven years ago. His treatise is still the most detailed work 
in book form in this field at the present time. 

The reprint of this book by the Dover Publications will therefore 
be highly praised by audio engineers who are interested in under- 
standing the basic theories of the dynamic loudspeaker. But for those 
who are primarily interested in experimental data the book also 
presents ample measurements. 

The content of the book can be shown best by copying the table 
of headings of chapters: I. Definitions. II. Principles of Sound Propa- 
gation. III. Fluid Pressure on Vibrators: Accession to Inertia. IV. 
Vibrational Modes. V. Spatial Distribution of Sound From Vibrating 
Diaphragms. VI. Acoustic Power Radiated From Vibrating Sur- 
faces. VII. Theory of Moving Coil Principle. VIII. Hornless 
Speaker Simulated by Coil Driven Rigid Disk. IX. Electrostatic 
Speakers. X. Theory of Horns. XI. Sound Waves of Finite Ampli- 
tude. XII. Transients. XIII. Driving Mechanism. XIV. Magnets. 
XV. Efficiency. XVI. Electrical Impedance Measurements. XVII. 
Response Curves. XVIII. Measurement of Vibrational Frequencies 
of Conical Shells. XIX. Design Considerations in Hornless Moving 
Coil Speakers. XX. Design of Horn Type Moving Coil Speakers. 

No reference is made to the operation of loudspeaker units in com- 
pletely closed or vented cabinets. Measuring techniques with random 
noise were not mentioned because they had not been used at that time. 

The book contains a complete reference list of literature with all 
classical publications in the field (ending 1933) ; it can be highly rec- 
ommended to anyone interested in exact quantitative knowledge on 
loudspeakers. 

HELLMUTH EtTzoLp 
Audio Consultant 


SECTION MEETING REPORTS 
LATE WINTER AND SPRING 


Indiana Technical College, Student Section, February 14 

Program: “Early History of Audio” by Norbert T. Torzyn, elec- 
tronics professor, Indiana Technical College. 

Mr. Torzyn’s talk was well attended and very interesting. It was 
said “to have given the average audiophile a good insight into the 
people and events which made various inventions what they were.” 

The section announced that arrangements were made for field trips 
this spring. 


San Francisco, 611 Howard Street, February 15 

Program: “Advancement in Optical Sound Recording” by William 
A. Palmer, president W. A. Palmer Films, Inc. 

After dinner at Henry’s Fashion Restaurant, the San Francisco 
Section listened to Mr. Palmer discuss recent advancements in op- 


(Continued on Page 250) 
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LABORATORY INSTRUMENTS FOR ANALYSIS 
E New B& BAW snp conTROL OF SOUND AND VIBRATION 


| in ® Frequency Analysis ® Controlled Time Delays 
® Amplitude Measurement ® Sound Compression and Expansion 


“| emaw Sona-Graph 


sts, 

MODEL RECORDER $2950.00 f.o.b. factory ($3245.00 F.A.S., 
the New York) 
tro- © 85—12,000 cps 
or0- ® Easily stored, permanent or re-usable 

magnetic disc recording. 
aker The Sona-Graph Model Recorder is a new audio spectro- 
ork ‘ graph for sound and vibration analysis. This instrument 
provides four permanent, storable records of any sample 
fore of audio energy in the 85-12,000 cps range . . . the three 
der- visual displays made by the Sona-Graph 661-A plus an 
ce I aural record made on a 12” plastic-base magnetic disc 
dn which can be stored with the visual records. 
j SPECIFICATIONS 

able 


Frequency Range: 85 cps to 12 ke in two switched bands; be removed and stored, or erased and re-used. 


ope- 85 cps to 6 ke to 12 ke. . ‘ : 
IV. | Frequency Response: + 2 db over entire frequency range. Analyzing Filter Bandwidths: 45 and 300 cps. 
— Flat amplifier characteristic overall. Recording Time: Any selected 2.4 second interval of any 
ms Recording Medium: Plastic-base magnetic disc that can audio signal within frequency range. 
| 
tatic PERMANENT RECORDS 
nae DISPLAY NO. 1 DISPLAY NO 2 DISPLAY NO. 3 
‘VIL. # P Pa 
ncies = , Intensity vs Fre- 2 Average Ampli- 
ving bd F ew & Am- 9 quency at Selected of tude vs Time. 
$s m ©6plitude vs Time. 4 Time. Range: 35 QB | Logarithmic scale, 
com- ° ie | ~s om .f db. =f 24 and 34 db 
1\dom \ “ ——" on facsimile pa- |F e , ranges. 
time. ss per. <3 
h all , n 
- ree- Time Intensity 
e on 
D ® 
KAY Sona-Sweep 
MODEL M 
with the Ease and Precision of 
RF Sweep Technique 
FEATURES 
ber * Built-In Audio Detector * Zero Reference Line SWEEP WIDTH: ’ 
_— * Sharp, Pulse-Type Markers ¢ All-Electronic 20 cps to 20 ke, variable 
he * Variable, Pulse-Type Marker * Both Swept and Manual REPETITION RATE: 
adboe from Ext. CW Source Frequency (and scope display) 0.2 to 25 cps, variable 
were” * Logarithmic and Linear Control OUTPUT LEVEL: 
1 trips Frequency Sweep 5.0 volts rms into 600 ohms 
* Variable Sweep Width FREQUENCY RANGE: PRICE: $895.00 F.OB. Factory ; 
Built-In Attenuators 20 cps to 200 kc, variable $985.00 F.AS. N. Y. 
Write for Complete 
“aa Catalog Information MAW ELECTRIC COMPANY 
Dept. JAE-7, Maple Avenue, Pine Brook, N. J. CApital 6-4000 
incisco 
in op- 
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DANIEL W. PAINTER II 


notice 


to owners 
of 


AR speak- 
ers 


Ui now, AR speakers have been sold 
under a one-year guarantee covering materials, 
labor, and freight to and from the factory. 


On the basis of our field experience we are 
now able to extend this guarantee to five 
years. The extension is retroactive, and applies 
to any AR speakers bought since 1956. 


AR speakers are on demonstration at AR Music 
Rooms, on the west balcony of Grand Central 
Terminal in New York City, and at 52 Brattle 
Street in Cambridge, Massachusetts. No sales 
are made or initiated at these showrooms. 


(Continued from Page 207) 


has the proper density and characteristic impedance. Cer- 
tain rubbers and plastics have pc values of the correct order 
of magnitude, that is, within a factor of 10 greater or less 
than the optimum pc value of 2538 g/cm* sec. If the ac- 
tual pc value is greater or less than the optimum value by 
a factor of two the transmission loss across the interface 
is 2 db instead of zero, if by a factor of four the loss is 
7 db, and if by a factor of ten the loss is 14 db. Research 
has been underway for some time to evaluate the physical 
properties of existing rubbers and plastics and to develop 
new materials having preselected characteristics such as de- 
scribed here. 

As materials having the desired physical properties are 
obtained, the next step is to test the materials under con- 
trolled conditions in a laboratory facility in order to verify 
the theory. This will be done first for the calm sea case, 
that is, for a plane boundary between air and sea which has 
been considered here. However, the sea is never completely 
calm, so the theory must be extended to include nonplane 
boundaries and experiments must be devised to check the 
theory. 

Finally, the material must be tested under actual operat- 
ing conditions. Procedures for positioning the material on 
the surface of the sea must be carried out rapidly and with- 
out violating the security of the mission. The material on 
the sea surface must also be camouflaged so as not to dis- 
close the presence of the submarine. The ultimate success 
or failure of a secure air-sea acoustic communication system 
depends upon how these latter conditions are fulfilled, since, 
even though the acoustical and mechanical problems may 
be completely solved, unless the communication can be ac- 
complished securely the system cannot be used. However, 
the Navy urgently needs a secure air-sea communication 
system, so research on an acoustic system will continue until 
it is proved to be a success or a failure or until a better means 
of communication is found. 


ATTENTION AUTHORS 


Fall Convention Preprints 


AES Secretary must know by AUGUST 17 if you 
plan to send a single-spaced typed manuscript 
and reproducible illustrations for Convention pre- 
print reproduction. DEADLINE for completed 
preprint manuscripts is SEPTEMBER 1. There is 
no charge to authors for this service. But the 
Society must be notified if you plan to submit a 
manuscript. Send both your request and manu- 
script to: Secretary, P. O. Box 12, Old Chelsea 
Station, New York 11, New York. 


THE AUTHOR 


Daniel W. Painter, II is a Research Engineer with the Acous- 
tics Research Group, Physical and Chemical Sciences Depart- 
ment of Lockheed Aircraft Corporation. 

He received a B.S. degree in Physics from the University of 
Portland in 1956 and has 24 units of graduate study in physics 
and mathematics toward an M/S. degree at the University of 
California in Los Angeles. This year he has been studying 
Oceanography at the UCLA Extension School. 

With Lockheed since 1956, Mr. Painter has worked in the 
fields of physical and underwater acoustics. His research proj- 
ects involved the measurement of the acoustical properties of 
materials by the impedance tube method, shock and vibration 
isolation, sonic boom studies, unique methods for achieving 
high sound transmission loss, and most recently, marine biology 
and underwater sound projection and transmission studies. 


He is a member of the Acoustical Society of America. 
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AKG ANNOUNCES A SOUND/PRICE BARRIER 


BREAK THROUGH 


WITH A NEW 
PREMIUM-QUALITY 


CONDENSER 
MICROPHONE 


G GO 


C 60 shown actual size 


reversing the trend toward higher prices, and offering: 

PERFORMANCE 

No Peaks from 20 to 30,000 cycles. Like all AKG microphones, C 60 is smooth over its full range, 

No Overload in today’s close-miking techniques. C 60's circuitry and sturdy housing accept high levels 
cleanly, without need of internal shunting. 


No Instability with the field-proven omni and cardioid capsules, which perform consistently in recording 
environments, 


MOBILITY 

Transistorized B 60 Power Pack makes the C 60 independent of AC mains. Many hours of remote service 
without trailing power lines, from a single recharging at any 110/145VAC outlet. C 60 is four inches long, 
2 ounces light including internal electronics. The DC Power Supply is miniaturized for use on shoulder 
Strap or as a plug-in stand element. 


ECONOMY 


C 60 with choice of instantly-interchangeable capsules (C 26 idirectional or C 28 cardioid) , with B 60 
Power Pack or N 60 EA AC Power Supply, and all necessary cables — only $259.50. 


Field-Proven Accessories include: long-arm bamboo fishpole FP 3— efficient windscreen W 60 — rack- 
mounting AC Power Supply N 60 R4 to power four C 60’s — a variety of stands and long cables — and a 
voltage-calibrating head. 

No other microphone combines such performance with compactness, mobility and true economy. Hear 
for yourself — AB-test the C 60 against any mike you own, or think you'd like to own. For name of nearest 
dealer, write or phone the USA import and service agents: Electronic Applications, Inc., Stamford, 
Connecticut / (203) DA 5-1574. 
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(February, March, April, May 1961) 
NEW MEMBERS 
Members 


Abrams, Ted H.—La Habra, California 
Adair Jr., James P.—Dallas, Texas 
Akerlund, Oscar O.—Charlotte, Michigan 
Ancell, James E.—Inglewood, California 
Anderson, Mark E.—Havre, Montana 
Arnold, David G.—Buchanan, Michigan 
Barasch, Robert—Lindenhurst, New York 
Bartley, John L.—Long Beach, California 
Bartold, Gabriel—Saugus, California 
Beadles, Robert V.—Boise, Idaho 

Beehler, Elmer G.—Sterling, Colorado 
Belaieff, Michel M—Quebec, Canada 
Bennett, Robert R.—Los Angeles, California 
Bernard Jr., Richard J —Detroit, Michigan 
Betts, C. Anthony B.—Ottawa, Canada 
Blair, Haskel A—White Plains, New York 
Bohn, Edgar B.—Fort Wayne, Indiana 
Boles, Richard E.—Arcadia, California 
Bolsega, Vincent A.—Rolling Prairie, Indiana 
Boulton, John A~—New York, New York 
Brown, Eugene F.—Canoga Park, California 
Burmeister, Marshall A—Chicago, Illinois 
Caton Jr., H. E—Arlington, Texas 
Champagne, Joseph—Montreal, Canada 
Chan Jr., Harry—Santa Ana, California 
Chernoff, Alex—Los Angeles, California 
Churchill, Daniel W.—Rutland, Vermont 
Cobb, Bert—Winnipeg, Canada 

Coston, Dean W.—Ann Arbor, Michigan 
Davis Jr., Ralph S.—Arlington Heights, Illinois 
Derby, Barton R.—Kent, Ohio 

Dickson Jr., Donnell D.—San Angelo, Texas 
Dill Jr., William A.—Niles, Michigan 

Dillon, Richard J.—Milwaukee, Wisconsin 
Doll, Edward B.—Los Angeles, California 
Economides Jr., James—Hollywood, California 
Ellis, Bill C——Austin, Texas 

Ferla, S. Joseph-—Elmwood, Connecticut 
Franke, Jerry—Bakersfield, California 
Fursee, A. Kent—Hollywood, California 
Gifford, I. L—Woodland Hills, California 
Godley, Bruce B.—Port Huron, Michigan 
Hannah, William H.—Bridgman, Michigan 
Hariu, Walter R—Madison, Wisconsin 
Harris, Lewis $.—Kirkwood, Missouri 

Hill, Fred C —-Lufkin, Texas 

Jamison, Walter E.—Princeton, New Jersey 
Kaiser, Arthur—Trumbull, Connecticut 
Leek, John K.—Bakersfield, California 
Leek, Marjorie—Bakersfield, California 
Lehner, Gerhard—Paris, France 

Levinton, Harold L.—Los Angeles, California 
Lopuch, Anthony J.—Great Falls, Montana 
Lovell, Ralph E.—Los Angeles, California 


' MacPherson, Bruce L.—Encino, California 
| Marks, Eugene R.—Los Angeles, California 


Metcalf, Robert L—Sylmar, California 
Moate, Sydney H.—Northridge, California 
Morris, DeWitt F.—Burbank, California 
O’Grattan, John L.—La Canada, California 


Membership Information 


Peebles, Woodford R.—San Diego, California 
Pepe, Raymond V.—Los Angeles, California 
Poisson, J. Jacques—Montreal, Canada 
Previte, P. Eldon—North Chili, New York 
Richards, Al—Kansas City, Kansas 
Rosenheck, Allan—Stamford, Connecticut 
Sales, William R. E.—Los Angeles, California 
Sanders, Richard O.—Arcadia, California 
Schultz, Daniel O.—Rochester, New York 
Sell, Robert L.—Minneapolis, Minnesota 
Smith II, K. Rey—Palo Alto, California 
Smith Jr., R. Jeff—San Antonio, Texas 
Stanley, Jay S—North Little Rock, Arkansas 
Stewart, James C—Albany, Georgia 

Tanner Sr., Mel—Miami, Florida 

Tiedje, John Q.—Greenwich, Connecticut 
Tilley, Aubra E.—La Habra, California 
Volpe, Ignatius D.—Sands Point, New York 
Whenmouth, Clifford R—West Los Angeles, California 
White, Edward O—Memphis, Tennessee 
Wilder, Henry B.—Los Angeles, California 
Williams Jr., John A.—Millington, New Jersey 
Windwer, Jason B—New York, New York 
Zahlis, Karl W.—Los Angeles, California 


Associate Members 


Anderson, Neal A—Red Wing, Minnesota 
Babic, Joseph A.—Seattle, Washington 

Beck, Herbert A.—Studio City, California 
Behnke, Betty J.—Seattle, Washington 

Boon, Kam Sim—Singapore, Malay Peninsula 
Bragg, Harry A.—Montreal, Canada 

Brand Jr., Harry R—Forest Hills, New York 
Cantrell, W. E—Memphis, Tennessee 

Cavena, Grant—Pasadena, California 

Clark, Stewart—Windsor, Canada 

Cranberg, Elmer M.—Bell, California 

Daniel, Francis—Princeton, New Jersey 
Davie, Robert B—New York, New York 

De Clercq, Jerome E.—Chicago, Illinois 
Elker, Bradford H.—Milford, Connecticut 
Flanagan, Richard A~—-New York, New York 
Frankfort, Matthew—Forest Hills, New York 
Gordon, Frank H.—Kitchener, Canada 

Guan, Wee Teng—Singapore, Malay Peninsula 
Hadady, Robert E.—Arcadia, California 
Harris, Walter A—Haddonfield, New Jersey 
Harvey, Barry G—Los Angeles, California 
Hebb, Furman H.—New York, New York 
Hendrickson, Charles R.—Denver, Colorado 
Hermes, James—Chicago, Illinois 

Hidley, Thomas L.—Hermosa Beach, California 
Jacobs, Richard—Brooklyn, New York 
Jacobsen, Jack C.—Middle Village, New York 
Jerome, Henry—Great Neck, New York 
Jones, Don—Olympia, Washington 

Kaminsky, Victor J.—Niles, Michigan 

Katz, Robert A—Chicago, Illinois 

King, William M.—Santa Monica, California 
Laughlin, Frank E.—Quincy, Illinois 

LeBlanc, John P.—Sault Ste. Marie, Michigan 
Lieb, Murray I—Newark, New Jersey 
Marquis, Edward B.—Cornwall, Canada 
Meyer, Robert P.—Waverly, Ohio 


(Continued on Page 246) 
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PERFECT F 


rs - ing 


TONE 
ARM 


FOR THE 


PROFESSIONAL 


A STEREO 


« 


OADCASTING © 


+ 


The most versatile ever developed— 

The ultimate in simplicity, ruggedness 
and reliability. Virtually maintenance free. 
Unexcelled audio performance. Sets a new 
low in tracking distortion. Response +1 DB from 

5 cycles to cartridge limit.—This is the finest tone arm 
Gray has ever made and it is already setting 

new industry standards.— Here’s why: 


Plug in all cartridges including the G.E. Broadcast turn-around. 
Dual balanced line output. 


New modular weight system allows mounting almost any cartridge 
with hardware supplied. 


Individual slide ‘‘memory” of the physical and electrical arm adjust- 
ments for each cartridge. 


Built-in calibration to allow instantaneous exchange of cartridges 
between arms, 


Set up in seconds for monophonic or stereophonic operation as your 
Broadcast, schedule dictates. 


Eliminate forever special equipment or ‘‘lash ups”. 
Available from stock now for immediate delivery. 


Write today on your company letterhead for complete technical information, specifications, and application data. 
GRAY SPECIAL PRODUCTS DIVISION 16 ARBOR ST., HARTFORD 1, CONN. 
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MEMBERSHIP INFORMATION 


(Continued from Page 244) 


O’Dowd, James H.—Spokane, Washington 
O'Neill, Edmond H.—Coronado, California 
Ovadia, E. Henry—Chicago, Illinois 

Polly, Orville L—Brea, California 

Price, Rolland E—Des Moines, lowa 

Prine. John B.—Orlando, Florida 

Ramone, Philip—New York, New York 
Rickwood, Edward J.—Toronto, Canada 
Rosenthal, Henry M.—Los Angeles, California 
Russo, Joseph P.—Cleveland, Ohio 

Sass, Louis—North Vancouver, Canada 
Schreiner, Thomas R.—Niagara Falls, New York 
Smith Jr., P. K.—Wichita, Kansas 

Sorensen, Harold M.—Richmond Hill, Canada 
Spall, C. Donald—Pasadena, California 

Truax, Donald C.—Belmont, California 

Van Gorden, Donald R.—Bronx, New York 
Verville, Arch J.—Maysville, Kentucky 
Warren, H. G.—Luton, England 

Weshner, Theodore S.—Los Angeles, California 
Westbrook, Forrest E—Santa Monica, California 
Zantos, Peter J.—Garden Grove, California 


Students 


Carey, Earl—Fort Wayne, Indiana 
Emmerich, Stephen C.—Hillside, New Jersey 
Felkins, S. Leon—Seattle, Washington 
Golaszewski Jr., John R.—Fort Wayne, Indiana 
Goodman, Sheldon A.—Bloomington, Indiana 
Greenspun, Philip M.—Newark, New Jersey 
Klimes, Fred A.—Baltimore, Maryland 
Latiolais, James R.—Burbank, California 
Long, James E.—Dayton, Ohio 

Oakley, Earnest C_—Pasadena, California 
Phillips, David R.—Bethesda, Maryland 
Priebe, Durward H.—Gardena, California 
Rakoczy, S. Stephen—Montreal, Canada 
Thornton, M. K.—Houston, Texas 

Valentine, Joseph M.—Wyandotte, Michigan 
Wells, Roy A—Brooklyn, New York 


Associate to Member 


Crawford, David L.—Studio City, California 
Durham, Margaret C_—New York, New York 
Forster Jr., Carle A—Paramus, New Jersey 
Voss, Robert M.—New York, New York 


Student to Member 
Jordan, Robert Merle—Seattle, Washington 


Student to Associate 


Beemish Jr., Franklyn R—Dearborn, Michigan 
Buld, John—Brooklyn, New York 

Buck, Roger C—Rochester, New York 
Featheringham, Robert R—Kensington, Maryland 
Roeth, Harold W.—New York, New York 

Scott, John F.—Laurelton, New York 

Silsbee, David L—Candor, New York 

Van Tassell, Richard D.—Oakland, California 
Tyra Jr., Thomas D.—Orlando, Florida 


ACOUSTIC CONSIDERATIONS IN THE DESIGN OF 
RECORDING STUDIOS 


(Continued from Page 183) 


The blocks of wood, of course, must be applied against a 
solid base so as to maintain a flat surface. Therefore, they 
are placed on a 6-in. concrete slab and bonded to it with 
asphalt. Specifications for laying this type of floor are 
described in the Motion Picture Research Council Bulletin 
No. 58.456-A. One important factor to be carefully con- 
trolled in the use of this type of flooring is the maintenance 
of a level subfloor of concrete for the wood blocks. In this 
installation, the specifications called for a maximum devia- 
tion of 1/16 in. in a 10-ft. span of concrete. 

The subsoil beneath the concrete was compacted to 90% 
compression. A 6-in. concrete slab was laid on this ground 
with 3¢-in. steel bars on 12-in. centers. This furnished a 
strong subfloor capable of carrying concentrated loads in 
excess of 7500 Ib/sq. ft. After laying and impregnating the 
wood blocks in asphalt, they were sanded to maintain the 
same level tolerances as were used for the concrete slab. 

The 6-in. concrete slab is not continuous throughout the 
floor, but has a i-in. wide isolation joint 5 ft from each 
partition. Also, the slabs do not abut on the foundations of 
the partition but are separated from them by a 2-in. thick 
asphalt-impregnated glass fiberboard, as are the concrete 
slabs abutting against the wall foundations. These isclators 
extend from the subsoil to the top and through the finish 
wood floor. The separator joint 5 ft from each partition 
serves as a joint beyond which set construction is not al- 
lowed. This provides additional isolation from heavy im- 
pact vibrations occurring beyond the joints. 


THE AUTHOR 


Mr. Rettinger has been a member of 
the RCA Engineering Department in 
Hollywood, California, since the autumn 
of 1936. He has been active in the de- 
velopment of microphones, loudspeak- 
ers, headphones and magnetic heads for 
sound film recording. For a period dur- 
ing World War II, he was engaged in 
the manufacture of underwater sound 
communication training equipment and 
high frequency heating devices. He is 
also active as a consultant on acoustics, 
chiefly for motion picture, TV and broadcast studios, both 
here and abroad. He received an M.S. Degree in Physics from 
the University of California at Los Angeles in 1933, and is a 
Fellow of the SMPTE, a Member of the Acoustical Society of 
America, and a Member of the Audio Engineering Society. Mr. 
Rettinger is the author of two books and many papers in the 
field of audio engineering. He has been granted twenty United 
States Patents. 
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Available in Standard and 
Sub-miniature series, 
this leading European 


line offers a 


greater variety of models 


and highest quality. 


Since 1947, Schoeps condenser micro- 
phones have rivalled those of all other 
manufacturers in European studios. 
A test at your recording or broad- 
casting facility will demonstrate their 
greater utility and—more important 
—greater fidelity. Consider: 

Both Schoeps microphones offer— 
Smaller size—less obstructive. 
Lower distortion—less trouble with 

high-level overloading. 
Smoother frequency response— 
flat high end. 
Better front-to-back discrimina- 
tion in cardioid pattern. 
Lower noise level—higher sensi- 
tivity—improved S/N ratio. 


More models available—a micro- 
phone to fit your needs. 

Complete line of accessories—tai- 
lored to fit. 

Sophisticated capsule design— 
fewer parts,simplifiedschematic. 

All-metal diaphragm—unaffected 
by heat. 


Standard Schoeps microphones 
(above, left) offer— 
Quick-change tubes—plug-in, no 
soldering. 
Rugged multiple pattern switch- 
ing system—avoids damage 
when mounting. 


| {> International Electroacoustics, Incorporated 


Now! 


_ Schoeps 


Condenser 
Microphones 


Sub-miniature Schoeps microphones 
(right) offer— 
Interchangeable capsules—reduce 
your initial cost. 
Smaller size—less noticeable. 
Lighter weight—worn with com- 
plete ease. 


Strong claims? Certainly. Can we 
demonstrate? Certainly. Just write a 
note on your letterhead, and we will 
arrange a demonstration that covers 
each claim made—regardless of the 
microphones you may be using now. 
For literature or a demonstration 
(please specify), write to Electro- 
acoustics, Inc., 333 Sixth Avenue, 
New York 14, New York. 
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SOUND TRACK 


TRANSATLANTIC HOOKUP allowed British and American audio 
engineers to get together for a technical discussion over interconti- 
nental broadcast lines. Taking part in the United States (shown in 
picture at left) were: AES Secretary C. J. LeBel; Arthur E. Fury, 
consultant for Shure Brothers, Inc.; Col. R. H. Ranger of Rangertone, 
Inc.; and A. W. Schneider, general manager of Commercial Radio- 
Sound Corp. In England, the experts were members of the British 
Association of Public Address Engineers. Topics covered included: 
transistorized power supplies and amplifiers; ribbon vs. dynamic mi- 
crophones; output and placement of speakers at public events and 


theatre sound systems. 


THE HUNT IS ON ... Project Artemis, the underwater equivalent of the 
North American radar-warning system, being developed by the U. S. Navy, 
has been named for Dr. Frederick V. Hunt of Harvard University (right). 
Artemis is the Greek goddess of the hunt. Dr. Hunt who was guest speaker 
at last Fall’s AES Convention banquet, suggested in 1951 the possibility of 
long-range submarine detection by means of an extremely high-powered 
sound source sensitive receivers and highly sophisticated signal procedure. 
The Navy’s new system developed from Dr. Hunt’s original idea, uses a 
high-powered sonar transducer five stories high to convert electric waves 
into sound waves. A tower called Argus Island has been installed on an 
extinct underwater volcano 30 miles southwest of Bermuda as a relay point 
for sound picked up by hydrephones en the ocean floor. 


AT THE TOP ... Fred J. Pfeiff, pictured at left, was recently appointed 
technical manager of Norelco Motion Picture Division of North American 
Company, Inc. in New York. He will be responsible for Norelco’s 70-35mm 
projector and service activities. For the past five years, Mr. Pfeiff was 
chief engineer of the Theater Equipment Division of Todd-AO Corporation. 
He is a member of AES and SMPTE. 


ANOTHER LABEL .. . Frank Greenwald has joined MGM/Verve’s engi- 
neering staff. An AES member, he previously worked for Gotham Record- 
neering staff. An AES member, he has worked for Gotham Recording 
Studios and served in the Air Force specializing in radar and electronics. 


STATION BREAK ... Arthur Sterman has been named manager of Radio 
Engineering Operations for radio station KABC in Los Angeles. Mr. Ster- 
man, a member of AES, had been studio supervisor for Station KQV in 
Pittsburgh and was with that station for sixteen years. 


BEHIND THE SCENES .. . “Portable Facilities for International Confer- 
ences,” by Dan Jones published in the AES Journal last October, was used 
in research and as background material in preparing a TV film called “The 
Interpreter.” It was presented recently on the NBC-TV series “UN Inter- 
national Zone,” Sundays at 1 P.M. EST. Mr. Jones is affiliated with the UN. 


BIG D ... New communications center at Dallas Station WFAA-AM-FM, 
TV is said to be the largest ever. It is equipped with an all-transistorized, 
GE four-channel stereo audio system—11 stereo or 22 mono input channels; 
seven consoles. 


AWARDS ... at the 1961 IRE Convention, AES member Peter Goldmark, 
CBS Laboratories, Stamford, Connecticut, at right, received a technical 
award for his “important contributions to the development and utilization 
of electronic television in military reconnaissance and in medical education.” 


Journal of the Audio Engineering Society, July, 1961 
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SONOCRAEFT 


MOST COMPLETE SOURCE FOR © 
THE PROFESSIONAL TRADE! _ 
Now revatable pnp. ge, Pee 


the new 


NEUMANN 
U-67 MICROPHONE 


PULTEC 


Professional PROGRAM EQUALIZERS 
SOUND EFFECTS FILTERS 


Write for free brochure | LOW PRICED 
| 


nome Vi Large Stock -~—- STEREO CONVERSION KITS 


AMPEX 354 STEREO RECORDER NOW AVAILABLE 
351 SERIES For Monaural 350 and 351 


SONOCRAFT CORPORATIO 


MX 35 MIXER write for quotations  a-aeenes | 


TRADE-INS 
new professional catalog A-62 on request ACCEPTED 


COURTEOUS CONSULTATION « ENGINEERING SERVICE « COMPLETE PARTS SUPPLY « ACCESSORIES 1-———— 


115 West 45th St., New York 36, N.Y. 
Third Floor * JUdson 2-1750 


AUDIO EQUIPMENT 


in stock at 


LANG ELECTRONICS 


507 Fifth Avenue, New York City MUrray Hill 2-7147 
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SECTION MEETING REPORTS 


Do you 


have trouble 


with your pa? 


If you design large public address 
systems, do you have trouble with 
echo, inadequate coverage, areas of 
confusion? Do your customers look 
scathingly at you? Use time delay 
and the Fay-Hall (Haas) effect to 
allow differently located loudspeakers 
without aural confusion. 


Model 301 Magnetic Tape Time Delay 
Unit is especially helpful in large 
auditoriums with deep balconies, and 
in large halls and ball parks where 
tricky acoustics forces use of auxiliary 
booster speakers in bad areas. 


Used in such well known places as 
Madison Square Garden, United Na- 
tions Plenary Hall, the Calgary and 
Edmonton Auditoriums, Temple 
Beth-El (New York) and the ball 
park in Louisville. 


Write for Catalog Sheet A-301. 


tical recording not widely publicized and also heard him describe his 
electro-printing process in which distortion is minimized by a pre- 
diction method. 

Thirty-one members attended the meeting and found the talk 
interesting, but the plant tour of Mr. Palmer’s audio facilities was 
the highlight of the meeting. 


San Francisco, Stanford Research Institute, Menlo Park, March 15 
Program: “A Two Way Medium Efficiency Speaker System” by 
George Augspurger and Joseph Craig, both from James Lansing 
Speaker. 
The Section reports that this talk was not as technical as thet 
had hoped it would be, but that forty-three members were present. 


Los Angeles, Founders Hall, University of Southern California, 
March 21 

Program: Karl Linnes, research group supervisor, Advanced Proj- 
ect Group, Jet Propulsion Laboratory, CalTech, spoke on Space 
Communication and “Project Echo” before a joint meeting of the 
Los Angeles Sections of the AES and SMPTE. 

Before a group of two hundred twenty, Mr. Linnes dealt with 
recent Jet Propulsion Laboratory-Bell Telephone Laboratory work 
of reflecting radio waves off a balloon satellite. Slides and a motion 
picture accompanied the talk. 


New York, Stea-Phillips Studio, March 29 

Program: “The Art of Lacquer Disk Mastering”—the panel con- 
sisted cf: Moderator Thomas J. Dowd Jr., Atlantic Recording Corpo- 
ration; Joseph Lansky, Capitol Records; Sidney Feldman, Mastertone 
Recording Studios, Inc.; John A. Johnson, Fine Recording, Inc. 

Interest and participation were high at this symposium. Eighty- 
five members attended. It was felt that the success of such a panel 
depends on the interest and quality of the panel and moderator— 
this particular one was excellent. 


Los Angeles, Cocoanut Grove, Ambassador Hotel, April 3 


Program: The AES Spring Convention took the place of the 
usual April Section meeting. 


Indiana Technical College, On Campus, April 11 


Program: The Section’s “die-hards’” made further arrangements for 
forthcoming field trips. 


San Francisco, Stanford Research Institute, Menlo Park, April 12 

Program: “Advances and Applications in Ultrasonics” by John 
Martner of the Stanford Research Institute. 

Attendance was fair (nineteen members) at this meeting. It was 
generally felt, considering the small turnout, that the Section’s 
attempt to schedule a talk somewhat out of the audio field was not 
successfully received by the members. 


Los Angeles, Ling-Altec Electronics, Inc., Anaheim, April 25 

Program: Field trip tour of Ling-Altec plant. 

Ninety-eight members of the Section dined at Disneyland Hotel and 
then toured the Ling-Altec plant. The outing was very successful. 
The Section reports that a pre-meeting dinner at a location near the 
plant facility is a valuable aid in getting the group together. 


New York, American Broadcasting Company, April 25 

Program: “New Trends for Stereo Recording Consoles” by Philip 
Erhorn, vice president, Audiofax Associates, Inc. 

The audience participated actively and responded to this talk— 
a lively discussion followed Mr. Erhorn’s illustrated presentation. 
The Section strongly recommends not holding a meeting after 4 
cloudburst which was the case on that day—thirty-one hearties did 
nevertheless brave the storm. 

A request was made at the meeting for volunteers to serve on the 
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SECTION MEETING REPORTS 


Tour of Ling-Altec plant and engineering facilities organized by 
Alex Badmaieff, chief acoustical engineer, Altec Lansing Corporation. 


Papers Procurement Committee and/or to work with the Conven- 
tion Facilities Committee. 


Indiana Technical College, Student Section, On Campus, May 9 

Program: Frank Deckelman and Warren Frank, instructor and 
student respectively, discussed taking over radio station WPTH-FM 
in Fort Wayne and programming classical music every day from 
six p.m. to midnight, leaving daytime programming in the hands of 
Sarkes-Tarzian, Inc. who own and operate the station full time. 
Messrs. Deckelman and Frank have written a report on this proposal 
and submitted it to the president of the college, and are now waiting 
for a reply. The Section feels this idea will be excellent publicity 
for the Society. 

Final arrangements were made for field trips to Utah Radio and 
Crown Electronics. 


San Francisco, Stanford Research Institute, Menlo Park, May 17 

Program: “Ampex Channel Hi Level Switching Theatre System” 
by Al Lewis, Ampex Corporation. 

Forty-eight members attended this demonstration and showed 
particular interest since this Ampex System was the one that had 
been awarded an Oscar. 

This was the last meeting of the Section until September. 


Los Angeles, International Sound, Hollywood, May 23 

Program: “A Zero Tracking Error Phonograph Pick Up Arm” 
and “Telephone Amplifiers or Bust’? by Norman L. Chalfin, Hughes 
Aircraft, Ground Systems Group, Fullerton, California. 

Twenty-three members first met for an informal dinner at Nicko- 
dell Argyle Restaurant. For the meeting itself, the group increased 
to fifty-one but was disappointed with the talk. The speaker was 
at a great disadvantage since the slides he had intended to use did 
not arrive in time for the meeting. 

Mr. Chalfin’s first paper, “A Zero Tracking Error Phonograph 
Pick Up Arm” described a recently patented device based on the 
Peaucellier Cell, that enables the playback stylus accurately to follow 
the same straight line path across the record as was taken by the 
recording cutter, with the longitudinal axis of the playback head 
always perpendicular to that line. 


New York, Regent Sound Studios, May 23 

Program: “A New Sound Generator for Electronic Music,” paper 
by G. Holoch of The Broadcasting Research and Development In- 
stitute of Munich, Germany, translated and presented by Dr. Hell- 
muth Etzold, audio consultant. 

Although the topic did not have much drawing power, those who 
attended the meeting—thirty-five members—found the paper to be 
excellently presented and most interesting. 

Dr. Etzold compared the new photoelectric sound scanning genera- 
tor developed by Dr. Holoch with the conventional generator. 


What’s 


your 
residual? 


No, No, NO! we don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an aj 
Model 168 or 168D. 


re | | intermodulation meters have six delicious features. 


compact—on 8%” x 19” panel 

wide low frequency range—40 to 200 or 400 cps 

wide high frequency range—2000 to 20,000 cps 

low residual IM (leakage)—under 0.05% 

vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 
100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


"Ee 


Write for new Catalog A-4 
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LOS ANGELES SPRING CONVENTION, 1961 


Successful Convention Held with Institute of High Fidelity Manufacturers 


FTER A YEAR of separation, the Audio Engineering Society once 
A again held its Spring Convention in conjunction with the Insti- 
tute of High Fidelity Manufacturers. The joint undertaking, which 
took place at the Ambassador Hotel, April 4th through 7th, was a 
great success. Exhibition space was well filled, and late-comers were 
turned away. 


A highlight of the Convention was the Awards Dinner and dance 
at the Coconut Grove on Monday evening preceding the opening. 
Some 100 AES members and more than 300 IHFM people were there. 
The presentation of awards was televised over station KTTV, with 
composer-conductor Johnny Green as announcer. 

Audio Engineering Society Awards were presented by Ross H. 
Snyder, Chairman of the Awards Committee, to Miklos Rozsa, Daniel 
H. Wiegand, and George A. Brettell. 

Miklos Rozsa was given an Honorary Membership in the Society 
for his outstanding work as a composer and conductor devoted to the 
art of recorded music as a participating element in theatrical motion 
pictures. 

Daniel Wiegand was made a Fellow of AES for his creative con- 
tributions to the education of audio engineers. Mr. Wiegand’s special- 
ty has been teaching motion picture sound techniques at the Depart- 
ment of Cinema at the Universiy of Souhern California. 

George Brettell, whose award was accepted by William Snow, was 
also made a Fellow in recognition of his original contributions to 
audio technology in the design of compact coordinated loudspeaker- 
amplifier-enclosure devices. 

An AES Citation was given to Walter O. Stanton for design engi- 
neering in connection with the phonograph pickup which bears his 
name. 


Especially rewarding to the Society was the number of new AES 
members who enrolled at the Los Angeles Convention. More people 
joined AES than at any previous West Coast Show. A “Convention 
Special” was offered as an inducement: anyone who signed up for 
membership and paid membership dues on the spot attended the 


FROM LEFT: Walter O. Stanton, Citation winner; Alex McKee, 
Section Chairman; Miklos Rozsa, Honorary Member; Daniel H. 
Wiegand, Fellow; William Snow accepting Fellowship for Brettell. 
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Convention free of charge. The registration fee also was waived 
for those who wished to attend the technical exhibits only. 

Three of the papers presented during the Los Angeles Convntion 
appear in this issue of the JournaL: “Flutter Measurements by the 
American Standard Method” by Donald E. Morgan, “Artificial Re- 
verberation Facilities for Auditorium and Studio Systems” by G. A 
Brookes and G. R. Crane, and “Sonic Window in the Ocean” by 
Daniel W. Painter, II. Others from this Convention will follow im 
future issues. 

Technical session titles were: “Magnetic Recording and Applica- 
tions,” “Recording Techniques,” “Studio Components and Input Sys 
tems,” “Audio Applications I and II,” “Underwater Sound, Acoustics 
and Measurements,” and “Psychoacoustics and Electronics.” 

AES committee members who worked on the Los Angeles show 
have had nothing but praise for the cordiality and consideration given 
the Society by the IHFM. The space provided for AES sessions and 
technical exhibits was much more extensive than the Society would 
have been able to have on its own. In fact, twice as many exhibits 
could have been accommodated, and it is hoped that this will happen 
at the Convention next spring. This year, certain old friends on 
the West Coast did not take part because the recession had curtailed 
their budgets. But they are expected back next year, together with 
new exhibitors impressed by the scope and attendance of the Spring 
Show. Committee members are already thinking ahead to 1962, 
and hope to complete plans for an even more spectacular exhibit 
six months ahead of Convention time. 

This year’s hard-working West Coast Convention Committee in- 
cluded Pell Krutschnitt, Chairman of the Technical Papers Commit- 
tee, and his Committee members: Jackson Baker, Richard Heyser, 
Walter T. Selsted, Harry L. Bryant, and Frank Pontius. Technical 
exhibits were expertly handled by Sid Weiss; banquet arrangements 
by Frank Pontius; Awards, Ross H. Snyder; Finance, Herbert E. 
Farmer; Registration, Ken Miura. 

Special credit goes to AES past-president Harry L. Bryant, who 
with Ray Pepe, president of the Institute, made it possible for the 
Society to take part in the Los Angeles High Fidelity Show this year. 


LOS ANGELES Registration Chairman, Ken Miura, left discusses 
A-V facilities with Sid Weiss, Technical Exhibits Chairman during thé 
joint AES-IHFM Spring Convention at Ambassador Hotel 
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